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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1959, VOLUME 7, NUMBER 4 


Editorial 


HIS ISSUE completes another volume of the JouRNAL. 

It also marks the beginning of a far more practical pub- 
lishing operation than we have had in the recent past and 
a determination to make the AES Journat increasingly 
useful to those in the field of audio engineering. 

You will notice that in this issue we are making a valu- 
able addition to JouRNAL material, reprints of important 
papers from journals in allied fields. By including such re- 
prints on a regular basis, and by augmenting various depart- 
ments as we have done in the current AES News section we 
hope to make the JouRNAL outstanding among technical 
publications. 

The first two papers in this issue cover in considerable 
detail the design and performance of two commercially avail- 
able stereo disc cutterheads. The value of papers of this 
type would be even greater if the discussion following the 
reading of a paper at an AES Convention could be in- 
cluded as part of the printed presentation. Occasionally, the 
discussion is even more valuable than the paper itself. For 
this reason, future discussions will be recorded at the con- 
ventions and published in the issues in which the papers 
appear along with communicated discussions (additional 
comments submitted to the editor). We hope these pub- 
lished discussions will inspire further comment and discus- 
sion in the JouRNAL. They will also give the author an 
opportunity to reply to these comments. A good example 
of the publication of discussions will be found on page 27 of 
the January 1959, issue of our JouRNAL. 

The third and fourth papers are examples of our policy 
of reprinting outstanding audio engineering papers origi- 
nally published in other journals. The criterion for selecting 
reprint papers will be whether or not they apply to current 
audio engineering problems, not when and where they were 
originally published. We would like to stress the fact that 
these reprint papers do not displace new papers that are 
submitted for publication, and that they are in effect bonus 
papers. 

The paper by Levine and Daniel introduces a group of 
six magnetic recording papers, indicating continuing re- 
search and development in magnetic recording from the 
audio engineering viewpoint. A seventh magnetic recording 
paper is given by Anderson. 


The remaining five papers include the following subjects: 
stereo speaker, stereo console, synthetic reverberation, 
pocket paging systems, and a high power transistor amplifier. 

Although the Book Review and Letters to the Editor 
sections are good representative departments, a number of 
important books have not yet been reviewed in the JouRNAL, 
and we hope to receive many more letters than we have in 
the past. The Letters to the Editor in this issue give some 
hint of the value of this part of the JourNAL, but for a field 
which provokes as many controversial issues as audio engi- 
neering, there should be a number of lively arguments going 
on from issue to issue. We hope the JouRNAL will stimulate 
such arguments. 

We now come to the AES News Section, a part of the 
JouRNAL which has, for the most part, been sadly neglected. 
The News Section can include virtually any item of par- 
ticular interest to audio engineers, and we urge our members 
to help make this a really informative section with their con- 
tributions. 


The following is a list of areas that could enhance the 
value of future issues of the JouRNAL if members will help 
us by submitting such material for publication: 

1. Critical reviews of audio engineering papers published in 
other journals, including those in foreign languages. 

2. Abstracts of current audio engineering literature. 

3. Reviews of current audio engineering patents. 

4. Lists of all patent numbers in certain specific audio fields 
such as magnetic heads or horn loudspeakers. 

. Bibliographies for specific audio subjects. 

. Summaries of audio engineering papers sessions included 
as part of conventions of other engineering societies. 

. Reviews of music recordings by engineers with the speci- 
fic objective of selecting the few very outstanding exam- 
ples of recorded music suitable for testing phonograph 
systems. 

. Yearly progress report of new audio engineering devel- 
opments. 

In conclusion, we would like to remind you that the 
Journat depends entirely on you, the members of the 
Society, for all material published in the JourNaL. We of 
the Editorial Board will help you in any way we can, but 
we must count on you to initiate the action. 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Recent Developments In Stereo Disc Recording*® 
Joun G. FRAYNE AND R. R. Davis 
Westrex Corporation, Hollywood, California 


The paper describes an analog computer analysis made to determine the cause of resonances 
in the upper high-frequency response of the Westrex StereoDisk cutter, and the mechanical modifi- 
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cations which were made in accordance with the solution suggested by the computer. The result 
is a smooth response to at least 15 ke verified by actual recordings. The paper also describes the 
design and application of an electromagnetic device which automatically controls depth of the 
groove in accordance with the pitch, being actuated from the pitch control mechanism of the Scully 


recorder. 


Included also is a description of a study of contemporary stereo disc pickups with 
regard to frequency response and crosstalk between channels. 


INTRODUCTION 


HE RECORDING characteristics of the Westrex Stereo- 

Disk system have been described in some detail in a 
recent paper by Davis and Frayne’ and in general have met 
with the approval of the disc recording industry. The 3A 
cutter described in that paper was of essentially the same 
design as the original engineering model on which all the 
early demonstration stereo recordings were made. As soon 
as the original rush demand for stereo cutters had been met, 
studies were initiated to improve the performance and elimi- 
nate any deficiencies in the original design. It had become 
apparent, for example, that the original 3A and its produc- 
tion successor, the 3B, had characteristic resonant peaks and 
valleys in the upper audio spectrum. A by-product of these 
resonances was an undesirable amount of crosstalk in the 
recorded groove. 


RECENT ADVANCES IN RECORDER DESIGN 


Before attempting to discuss the approach employed to 
eliminate these undesirable characteristics, the basic design 
of the early recorder will be reviewed. The recorder shown 
in Fig. 1 contains two coil assemblies, one associated with 
each channel. Each comprises a drive coil and a feedback 
coil located in annular gaps in separate pole pieces. Vee- 
shaped beryllium copper coil support springs hold and posi- 
tion the assemblies, and by means of these springs the 
assemblies are constrained to have no motion other than 
that parallel to their axis. This motion is transmitted to 


* Presented February 18, 1959 at the Sixth Annual Western Con- 
vention of the Audio Engineering Society, Los Angeles, California. 

1C. C. Davis and J. G. Frayne, Proc. Inst. Radio Engrs. 46, 1686 
(1958). 
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the tubular stylus support member by means of wire links 
braced with magnesium sleeves. The magnetic gaps of the 
drive and the feedback coils are arranged in a series parallel 
fashion, and magnetic flux is provided to the system by a 
single magnet. The arrangement of magnetic paths ensures 
equal flux densities in the corresponding gaps. The shaded 
areas between the magnetic gaps indicate copper plugs or 
shields which reduce the inductive crosstalk from the drive 
coils to the feedback coils. 

In the complex mechanical assembly such as that of this 
cutter, design problems are accentuated by the tendency of 
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Fic. 1. Simplified illustration of 3A StereoDisk recorder. 
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each mechanical element to vibrate in multiple modes. 
These vibrations result in the well-known effect of reso- 
nances in the frequency response which, with earlier Westrex 
StereoDisk recorders, tended to occur in the frequency range 
between 10 and 20 kc. Since it is difficult to equalize the 
effects, the main problem was how to revise the mechanical 
system so that the frequencies of these resonant phenomena 
could be substantially raised beyond the normal recording 
range to the neighborhood of 20 kc. 

In a preliminary analysis of the problem, it was decided 
that although a number of factors were contributing, the 
main cause was to be found in the mechanical characteristics 
of the moving assembly; that is, the two coil assemblies, the 
linkages, the stylus and its support tube. 

To determine the cause and locate the origin of these 
effects, it was decided to carry out an investigation employ- 
ing an electrical analog of the system rather than attempt 
to use empirical methods. A comprehensive study was made 
along these lines for Westrex by Computer Engineering 
Associates, Inc. of Pasadena, and the appropriate electrical 
analog was determined. While it is well beyond the scope 
of this paper to discuss and analyze the actual configuration 
which was employed, it should be mentioned to emphasize 
the complexity of the undertaking that the equivalent elec- 
trical circuit contained upwards of sixty components. A 
computer representation was effected by applying an oscilla- 
tor to the input of the circuit and connecting to the output 
an oscilloscope or an automatic plotting device. Tests were 
first carried out to verify that the analog configuration was 


a true representation of the mechanical structure it was pre- 
sumed to represent. Variations were then introduced elec- 
trically into the design, and the frequency characteristics 
recorded for each such variation. A summary of the three 
main areas of investigation and changes made as a result of 
the findings are detailed below. 


DRIVE COIL ASSEMBLY 


It was definitely established at the outset of the investi- 
gation that the drive coil assembly made no adverse con- 
tribution to the frequency response of the recorder, except 
for some minor effects in the unlikely event of a nonuniform 
magnetic field in the air gap. It was decided, therefore, 
that no changes were necessary in the original design of the 
assembly to eliminate the abnormalities in frequency re- 
sponse and crosstalk characteristics in the upper audio spec- 
trum. 


WIRE LINKS 


The bending and axial modes of the linkages were investi- 
gated and with the initial configuration, normal modes 
involving predominantly lateral motion of the wire were 
apparent at frequencies of 21.3-21.7 kc. It is known that 
the linkages exhibit frequency characteristics which are in 
the same range as other effects but it is apparent that they 
involve mechanical energy which is substantially less than 
that associated with other portions of the recorder, and that, 
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Fic. 2. Frequency response of 3B StereoDisk recorder obtained 
with electrical analog. 


therefore, there is no contribution which is detrimental to 
the frequency response. On the basis of the analysis of the 
linkages it was decided that the only change necessary was 
that of increasing the diameter of the wire to decrease the 
axial flexibility. 

STYLUS SUPPORT TUBE : 

In the analysis of the effect of the support tube, bending, 
torsion, and tension modes were investigated separately, 
and it was found that the lowest resonance frequency due 
to bending modes other than the principal one at between 
1 and 2 ke was 13.2 kc in vertical motion and 14.0 kc in 
lateral motion. This motion was attributable to an anti- 
resonance of the clamped-free tube. It was found that the 
torsion mode produced a serious resonance in the lateral 
motion at approximately 11 kc, while no effect was found 
in the vertical mode of vibration of the recorder. The elec- 
trical analog response for both vertical and lateral modes 
of motion is shown graphically in Fig. 2. It will be noted 
that neither of these curves shows the flat response expected 
of a constant-velocity cutter even though the analog in- 
cluded representation of the known amount of feedback 
used under actual recording conditions. It is quite prob- 
able that some resistive elements, including the load im- 
posed by cutting the acetate and not included in the analog, 
account for the lack of a flat response in the area from 1 to 
10 ke found in actual frequency recordings. 

It was a simple matter to alter at will on the computer 
the constants of the stylus support tube assembly to move 
the unwanted resonances well beyond the customary upper 
limit of 15 kc to the neighborhood of 20 kc. From these 
experiments, it was found necessary for the tube to be of 
greatly increased stiffness in both bending and torsion and 
to provide a mounting for it that would prevent torsional 
motion but allow lateral and vertical motion of the stylus. 
These requirements were met by doubling the diameter of 
the tube, retaining the same wall thickness, and reducing 
its length to % of the original. The new mounting at the 
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STYLUS SUPPORT MEMBER 
Fic. 3. Simplified illustration of 3C StereoDisk recorder. 


end of the tube opposite the stylus was made in the form 
of a V-shaped spring that was very rigid in torsion but 
compliant in bending and twisting. An axial tension wire 
was located behind the V spring to prevent longitudinal 
motion of the tube. These changes are shown in the sim- 
plified illustration of Fig. 3. With the new beam length of 
2% the original, the angle of stylus motion relative to the 
vertical with the coils driven in phase was retained at its 
original angle of approximately 23 deg from 30 cy to at 
least 8 kc. This represents an improvement over the actual 
performance of the 3B design in which the vertical angle 
varied from 23 deg at low frequencies to the 30-35 deg re- 
gion at upper frequencies. 

It should be emphasized that the main deficiency of the 
original design lay in the stylus support member and its 
clamping since the requirement was for a beam which pos- 
sessed moderately low stiffness in the bending mode but 
high stiffness in the torsional mode. It was impossible to 
obtain simultaneously these two conflicting requirements 
with the earlier suspension method. The analog frequency 
response for the new support tube is graphically shown in 
Fig. 4 in which the disturbing resonances of Fig. 2 have 
been pushed beyond the 20-kc limit. The physical embodi- 
ment of the changes suggested by the computer is shown in 
Fig. 5 in which the new shorter and wider support tube and 
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Fic. 4. Frequency response of 3C StereoDisk recorder obtained 
with electrical analog. 
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the associated V-spring support and tension wire are plainly 
indicated. 


RECORDING CHARACTERISTICS 


The response curves discussed above were obtained from 
‘he analog computer for the conditions indicated. The next 
step was to determine how the proposed modification af- 
fected the actual recording characteristic. For comparison 
purposes, the unequalized frequency response of a single 
channel of a typical Westrex 3B recorder is shown in Fig. 6 
and this shows the combined effect of both lateral and ver- 
tical resonances. In this instance the characteristic was ob- 


Fic. 5. Bottom view of 3C StereoDisk recorder. 


tained by using a recording speed of 78 rpm for all fre- 
quencies and using a reproducing speed of 78 rpm below 
1 kc and 33% rpm for frequencies above 1 kc. This was 
done in order to eliminate reproducer errors at the high fre- 
quencies. The pronounced resonance effect around 12 kc 
will be noted. 

Figure 7 shows the frequency response of a single channel 
of a typical 3C recorder showing the combined effects of 
lateral and vertical motion. This shows the dramatically 
improved response which has been obtained by incorpora- 
tion of the changes discussed above. The recordings were 
made again at the same recording and reproducing speeds 
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Fic. 6. Frequency response for 3B StereoDisk recorder (vertical 
and lateral channels combined). 


as those of Fig. 6. The broken portion of the upper curve 
shows the equalized response in the region where the feed- 
back is largely inoperative and resort is made to use of a 
passive equalization network. A by-product of the new de- 
sign was an increase in sensitivity of 4-6 db at 1 kc. This 
may be attributed to several factors; namely, increased 
compliance of the support tube and elimination of viscous 
damping of the latter. 

In the course of the computer analysis, it was noticed that 
the Lissajous figure on the oscilloscope showing relation 
between output and input changed from a circle to a straight 
line at the resonant frequency, immediately shifted phase 
by 180 deg, and then resumed the circular shape as the fre- 
quency was increased beyond resonance. This indicated 
that severe crosstalk from one side of the stereo record to 
the opposite side would occur at a resonance point. Pre- 
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Fic. 7. Frequency response for 3C StereoDisk recorder (vertical 
and lateral channels combined). 
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Fic. 8. Light patterns showing frequency response and crosstalk 
for left and right channels of a 3B recorder. 


vious measurements with a stereo pickup had indicated 
crosstalk values as high as — 5 db in this region, but it was 
suspected that the trouble lay mainly in the operation of 
the pickup. Since it now appeared that the recorder was 
also at fault, it was decided to make a study of the amount 
of crosstalk actually recorded on the disc. The optical 
method of measuring groove modulation” was used to obtain 
the photographs shown in Figs. 8 and 9. The technique 
employed a sharply collimated light beam incident on the 


Fic. 9. Light patterns showing frequency response and crosstalk 
for left and right channels of a 3C recorder. 


record surface at about 45 deg, the camera being mounted 
at essentially the same angle. This permitted simultaneous 
viewing of the signal on, say, the convex side of the groove 
and the resulting crosstalk on the concave wall. The oppo- 
site condition would result from impressing the signal on 
the opposite channel. 

Figure 8 shows on the left the signal at the bottom and 
the resulting crosstalk for a 3B recorder (unmodified) at 
the top of the picture. Starting at the bottom, the first 
band indicates 1 kc, and the succeeding bands correspond 
to every integral value of kc up to 15 followed by 1 kc for 
comparison purposes. Following the break in the pattern, 
recordings of 30 cy to 1 kc are shown. The dip at 12 kc 
and the sharply rising response up to 15 kc are plainly 
shown. The increase in crosstalk for this same region is 


2G. Buchmann and E. Meyer, Elek. Nachr.-Tech. 7, 147 (1930). 
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Fic. 10. Characteristic of relationship between optimum groove 
width and pitch for 45-45 recording. 


plainly visible at the top of the photograph. The corre- 
sponding case for the right channel is shown at the right of 
Fig. 8. The dip at 12 kc is even more pronounced here. 

Figure 9 gives the same series of photographs for the 
(modified) 3C recorder. The signal response shown at the 
lower left is much more uniform, and the crosstalk is greatly 
reduced. The same information for the right channel is 
shown on the right-hand side of the figure. Due to an op- 
erating error, the order of the low-frequency recordings is 
reversed for the 3C. 


While both sets of photographs give only qualitative in- 
formation on the amount of crosstalk present at the high 
frequencies for both 3B and 3C recorders, actual measure- 
ments by the Buchmann and Meyer method indicated cross- 
talk had been reduced about 6 db over the entire spectrum, 
thus confirming the photographic evidence of the dramatic 
improvement in crosstalk performance of the (modified) 
3C recorder. The end result was a remarkable confirma- 
tion of the computer prognosis. 


GROOVE DEPTH CONTROL 


The practice of altering the pitch (number of lines per 
inch) in standard lateral recording is now universally used 
as a means of obtaining maximum playing time on a phono- 
graph record. The change in pitch is usually effected by a 
servomotor, which is controlled by the rectified and ampli- 
fied signal from an added magnetic head spaced about 15 
in. ahead of the normal reproduce head in the tape machine 
supplying stereo signals to the disc recorder. The advent 
of stereo recording involving vertical as well as lateral move- 
ment of the cutting stylus demands control of depth of cut 
as well as pitch in order to take full advantage of the latter. 

Figure 10 has been prepared to illustrate the relationship 
which exists between pitch and optimum groove width for 
45-45 disc recording. It was prepared by assuming a mini- 
mum groove width of 1 mil, which is theoretically permissi- 
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ble with a reproducing stylus radius of 0.7 mil. Assuming 
also that adjacent grooves just touch at maximum ampli- 
tude, and that horizontal and vertical components are equal 
we have, 
Way = (Wein + Wax) /2 = (1 + Wonax)/2. 

But for a fixed value of P (number of lines per inch) the 
maximum possible groove width is given by Wax = 1000/P. 

Therefore 

Way = (1 + 1000/P)/2, 

where Win = minimum groove width, W.,., = maximum 
groove width, and W,, = average groove width. 


The Westrex RA-1630-A Depth Control provides the rela- 
tionship given in Fig. 10 with provision for manual control 
to provide a range of control of minimum groove width of 
+ 0.7 mil at 400 lines per inch. The depth control unit 
mounted on the recorder (see Fig. 11) contains a solenoid 
which is actuated by the current from a specially designed 
power supply, the value of which is controlled by a special 
potentiometer mounted on the pitch control unit of the 
Scully recorder. Thus, any change in pitch control auto- 


matically alters the solenoid current which in turn alters the 
setting of the recorder advance ball assembly. 
In setting up the recorder, the pitch control on the Scully 


Fic. 11. Bottom view of 3C StereoDisk recorder equipped with 
depth control solenoid. 
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Fic. 12. Frequency response of typical ceramic-type reproducer. 


recorder is set at 100 lines per inch which results in maxi- 
mum current through the solenoid, and the advance ball 
assembly is adjusted to give a groove width of between 5.5 
and 5.7 mils. The pitch control is then set at 400 lines per 
inch and a resistance in the power supply is adjusted to pro- 
vide the required minimum groove width which is nominally 
1.7 mils to meet the characterstic of Fig. 10. It should be 
noted that between 100 and 200 lines per inch, the adjust- 
able resistor in the power supply has little effect since the 
pitch control rheostat is in parallel with it and at a low 
value of resistance. It should be mentioned that the attack 
and release times of the depth control are extremely fast 
and in the order of 25 msec for both attack and release. 

A proposed alternate method of groove control is to use 
the difference signal of the two stereo tracks on the tape to 
provide control of the depth of cut and use the sum of the 
signals to provide pitch control. In the simple method as 
described, one magnetic head scans both stereo tracks on 
the tape and reproduces the sum of the signals which in 
turn actuates both pitch and depth controls. 


REPRODUCERS 


A paper on recent developments in stereo disc recording 
would not be complete without reference to some progress 
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Fic. 13. Frequency response of typical variable-reluctance-type re- 
producer (moving iron). 


in stereo disc reproducers. Since the original paper by Davis 
and Frayne,’ many types have reached the market, embody- 
ing, as they do, every principle previously used in standard 
pickups. Due to failure to set any standard for vertical 
tracking angle, the result has been that there is a wide varia- 
tion in all designs now on the market. It will be noted that 
the vertical cutting angle of the Westrex stereo record is 23 
deg from a true vertical, and failure to realize the same 
angle in the reproducer may result in serious harmonic dis- 
tortion. 

An investigation of the various stereophonic reproducers 
now on the general market showed an average of 17 deg for 
the vertical tracking angle. This angle was measured while 
setting the mounting surface of the cartridge parallel to the 
imaginary surface of a record, but other factors have to be 
considered in evaluating the tracking angle which would be 
obtained in practice. As an example, the cartridge might 
be oriented with the mounting surface not parallel to the 
disc surface but at some angle in the order of 3—5 deg so 
that adequate clearance would be provided between the 
cartridge and the disc surface. On record changers, this 


clearance would have to prevail with a full stack of records, 
and the average angle between the cartridge mounting sur- 
face and the disc would be still greater by 3 or 4 deg. The 
effective tracking angle would be greater, therefore, by vari- 
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Fic. 14. Frequency response of typical-variable-reluctance-type re- 
producer (moving magnet). 


ous amounts up to perhaps 8 deg than the average figure 
quoted above, say, up to a total of about 23 deg. Except 
for this feature, design of commercial pickups seems to be 
in general agreement with the EIA specifications for stylus 
radius, compliance, vertical force on the groove, and effec- 
tive mass. 

The performance of commercial pickups vary widely de- 
pending on the design selected. Figure 12 shows the re- 
sponse characteristics of a ceramic-type pickup. The fre- 
quency response is reasonably uniform from 30 cy to 15 kc. 
However, the amount of crosstalk from one channel to the 

Continued on page 180 
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A New Stereo Feedback Cutterhead System* 


REIN NARMA AND NORMAN J. ANDERSON 
Fairchild Recording Equipment Corporation, Long Island City, New York 


This paper describes the development of a high-quality stereophonic feedback disc cutter system. 
It points out the design objectives and briefly describes the advantages and disadvantages of various 
electromechanical motors. A simple single armature double moving-coil design is explored in detail 
showing the problems in achieving adequate frequency response, sensitivity and separation. The 
requirement of low effective mass of the moving armature to achieve high recorded velocities at 
high frequencies is indicated. Also described is the basic design of the magnetic system with four 
gaps. ; 

To apply motional feedback around a stereophonic disc cutter, most known transducers have 
a number of disadvantages. A new unique rf transducer system is described, being displacement- 
responsive and free from inductive couplings to the motor windings. 

Since in musical recordings high peak velocities are required for short periods of time, con- 
siderable power is required to drive an inertia-controlled armature. A new high-power (400 v amp) 
amplifier using ceramic output tubes had to be designed. The basic description of this amplifier 
and its phase corrective networks is included. 

The authors show how the complete system can produce high-level recordings with low dis- 


tortion and good separation over the 20 cps to 15 ke range. 


INTRODUCTION 


N THE early fall of 1957, our thinking was directed 
toward the design of a stereo disc recording system. It 
was then rumored that both American as well as British 
companies were actively engaged in developing such systems, 
but by most people these remarks were met with skepticism. 
Little did we know that only a little more than a year later 
the entire industry would accept stereo disc as a reality. 
After preliminary investigation, we went into active develop- 
ment of a new stereo disc recording system. 


DESIGN OBJECTIVES 


The following objectives were set up for the stereo cutter 
system: 

(A) To record amplitudes up to 6-mil peak to peak, at 
frequencies from 20 to 500 cy, and velocities in excess of 
30 cm/sec between 1 and 7 kc, and in excess of 14 cm/sec 
from 7 to 15 kc. 

(B) To meet the objectives set up in (A), with total 
harmonic distortion not exceeding 1%, including all har- 
monic components to 15 kc. 

(C) To obtain a frequency response flat within + 3 db 
from 20 cy to 15 ke and separation in excess of 20 db. 


* Presented at the Tenth Annual Convention of the Audio Engi- 
neering Society, New York, October, 1958. 
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(D) To meet points (A), (B), and (C) in both stereo 
channels as well as the lateral plane. 

(E) To maintain stability of level, frequency response, 
and distortion independent of lacquer loading temperature, 
or aging. 

(F) To provide a simple, rugged unit with a minimum 
of parts and no critical adjustments so as to make possible 
repairs and replacements in the field. 

(G) To supply a complete system, complete with ampli- 
fiers, equalizers, monitoring and switching facilities in one 
package, ready to be fed from an audio source. 


DESIGN 
Type of System and Basic Design 


In order to meet the objectives set forth in the previous 
paragraphs, the two known principles of cutter operation 
were investigated. : 

The moving iron system was looked at first, but it is 
known that moving iron systems are essentially in unstable 
equilibrium as the actual motion of the armature will always 
be more than predicted by the change of flux. This condi- 
tion becomes further aggravated at large amplitudes, pro- 
ducing a great deal of odd harmonic distortion, principally 
third. In order to reduce this distortion, very stiff mechani- 
cal systems have to be used in addition to long gap length, 
which adds another form of distortion caused by the near 
saturation flux densities in the armature. These reasons 
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Fic. 1. The construction of the pole pieces and the armature 
placed between the magnetic poles. The upper right corner shows 
the basic operating principle, the arrows symbolizing magnetic flux 
lines between the pole pieces. The arrows inside the ¢onductor show 
the direction of current flow. As the direction of current flow on 
each half of the same winding is opposite to the other half, the 
direction of the magnetic flux lines also has to be reversed in order 
to get additive motion. Two similar windings are used: one to pro- 
duce vertical motion, the other lateral. 


disqualify moving iron systems within the design objectives 
outlined. 

Our efforts were then concentrated on the moving coil 
system. To meet objective (F), the cutterhead should have 
no linkages, so a single armature system was decided upon, 
actually a single coil form holding two independent windings 
for the two orthogonal channels (see Fig. 1). 

Contrary to moving iron systems, the stiffness in a moving 
coil unit can be comparatively low and the resonant fre- 
quency is usually placed near the middle of the audio spec- 
trum. Moving coil systems are inherently linear, assuming 
a homogeneous flux field within the limits of motion. 

To analyze the performance of such a moving coil system, 
two adaptations of the basic motor force formula were de- 
rived: 
for the inertia-controlled region 

ei = 50[(VoM) /(Bl) |? Z; (1) 
for the stiffness-controlled region 

ei = 50[ (Doy?M) /(Bl) |? Z; (2) 
where ¢ = rms volts, i= rms amperes, V = peak velocity 
in cm/sec, D = peak displacement in cm, » = 2zf, w) = 
27-1200 (resonant frequency), f = frequency in cy/sec, 
M = mass in grams effective at stylus tip, B = flux density 
in gauss, / = total active length of wire in motor coil in cm, 
and Z = impedance of winding in ohms. 

From these basic formulas, optimum armature dimensions 
were derived. Flux density in the gap was assumed to be 
8000 gauss, / = 233 cm, M = 0.7 g, Z = 5 Q at 100 cy/sec, 
5.3 Q at 5 ke and 7.1 Q at 10 kc, giving 6.5 v amp for 6-mil 
peak-to-peak amplitude, at any frequency from 20 to 500 


cy; 7.4 v amp for 14 cm/sec at 5 kc; and 39.5 v amp for 
14 cm/sec at 10 kc. At midfrequencies, very little driving 
power is required; 0.03 v amp for 7 cm/sec at 1 kc. 
Within the framework of the accepted 45—45 system, one 
can transpose the two input signals to vertical-lateral by 
the well-known sum and difference method in order to oper- 
ate on these components in the prescribed way, and then 
either re-transpose to 45-45 to feed a 45-45 cutter, or 
directly feed a vertical-lateral cutter. The latter method 
was chosen since it facilitates the design of the magnetic 
circuit and the armature and makes the cutting of pure 
lateral or vertical free of precise channel balancing. 


Magnetic Circuit 


The dimensioning of the armature, to provide the desired 
sensitivity in the mass-controlled region based on a flux 
density of 8-10 kgauss, defined the gap structure as 0.080 
in. long by 0.125 in. wide by 11/16 in. deep. Given this 
four-gap structure and the space above the plane of the 
recording disc in which to place the magnets and pole pieces 
it becomes, in essence, a matter of supplying flux between 
two diagonally placed north poles and two diagonally placed 
south poles. Several attempts to do this with a single mag- 
net failed due to the need for crisscrossing over the pole 
pieces to get to the appropriate pole faces, with resultant 
high leakage, near saturation flux densities, long path, and 
right-angle bends. 


It is generally accepted practice when one desires high 
flux densities in an air gap to use tapered pole pieces so 
that the progressively higher net leakage flux, as one moves 
away from the gap toward the magnet, is fed through a 
progressively larger pole-piece cross section to avoid satura- 
tion and also to get down in flux density to a level at the 
magnet face suitable for the magnet itself, whose saturation 
level generally is less than one-half that of good pole-piece 
material. 

In order to avoid the crisscrossing in the magnetic circuit, 
the use of two separate magnets to feed the four gaps seemed 
to be indicated. Then, by making judicious use of the 
available 180° space above the disc for tapered pole pieces 
and tapered leakage paths, a rather compact pole structure 
resulted. The pole pieces are tapered both in thickness and 
width and are fed from horseshoe magnets. In the design 
of a magnetic circuit an oversimplified but useful procedure 
is to substitute in Eq. (3) the known dimensions and the 
estimated values for the leakage factor F and reluctance 
factor f to obtain the value of B,/H,. 

Bu/Ha = [(F/f)(Ao/Am) (Lm/Ly) }.- (3) 
Thus, Ba/Hq defines the operating point on the demagneti- 
zation curve of the particular magnet material used, where 
F = leakage factor, f = reluctance factor, A, = area of gap 
face, A,, = area of magnet face, L, = length of gap, L,, = 
length of magnet, and B, = flux density in the gap. 

The ratio By/H, is then applied to the demagnetization 
curve of the magnet material (e.g., Alnico V) to obtain the 
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A NEW STEREO FEEDBACK CUTTERHEAD SYSTEM 


FLUX DENSITY 
IN KILOGAUSS 


5 10 15 


F (LEAKAGE FACTOR) 
Fic. 2. A plot of flux density in the gap vs. the leakage factor of 
the magnetic structure illustrating the pitfalls of underestimating 
the leakage. 


value By. In Eq. (4), By is then substituted to obtain the 
flux density in the gap. 
B, = Ba[(Am)/(F * Ay). (4) 

Figure 2 is a plot of flux density in the gap vs. the leakage 
factor for this magnetic structure and illustrates the pitfalls 
of underestimating the leakage. The only substitute for 
clairvoyance in a magnetic circuit problem is careful calcu- 
lation and/or seemingly endless experimentation. We in- 
dulged in some of both. 

The flux density in the gaps was predicted at 9.1 kgauss 
and the first model of this design gave 8.7 kgauss. There 
is some inequality in the two vertical gaps due to the un- 
balanced leakages. This inequality can readily be elimi- 
nated by the addition of a third magnet of appropriate 
length and cross section should this prove to be desirable, 
with some increase in total flux. The flux density achieved is 
entirely adequate to provide the desired sensitivity for the 
cutterhead. Figure 3 shows the magnetic circuit. 


ct FLUX EQUALIZING MAGNET 


" —~sTYLus 
Fig. 3. The cross section of the magnetie circuit and armature. 


155 
Armature 


As previously discussed, the armature had to meet certain 
mechanical and electrical requirements in order to conform 
to design objectives. 

In attempting to design the optimum armature, a good 
number of practical difficulties were encountered. Most of 
the motions are small in amplitude and, being high in fre- 
quency, are very difficult to observe, so a good number of 
cut-and-try operations had to be followed, including the 
making of a large-scale approximation (4 ft tall) of the 
lumped constants. This indicated the importance of making 
the pivot as short as possible and moving it as close as 
possible to the rear end of the armature. Even though the 
basic calculations in the section entitled “Design” indicated 
that only moderate amount of power was required to drive 
the cutterhead at relatively high velocities, practice has 
shown that RIAA pre-emphasis as well as diameter equali- 
zation require a considerable amount of additional power at 
high frequencies. At 10 kc, 5 cm/sec requires only 5 v amp. 
Adding the normal 13.5 db of pre-emphasis increases the 
power required to 111.5 v amp, and adding another 6 db of 
diameter equalization boosts the power requirement to 460 
vamp. We have to realize that this power ‘aput (460 v 


Fic. 4. A number of experimental armatures made before the 
final version was arrived at; the earliest is on the right, the latest, 
on the left. 


amp) would produce a velocity of 42 cm/sec, a velocity 
that can hardly be tracked with a playback stylus. Reduc- 
ing the armature mass, of course, is a tremendous help, but 
everything possible had already been done in this depart- 
ment. The original armature had an effective moving mass 
of 6 g, the final version only 0.7 g, a reduction of approxi- 
mately 8.5:1 in mass or 72.5:1 in power. Figure 4 shows 
the good number of experimental armatures used during 
development of the cutterhead; Fig. 5, the final version of 
armature. Figure 6 shows the frequency response of the 
final armature without feedback. The low mass of 0.7 g 
was achieved by using the lightest available materials such 
as magnesium and aluminum, by drilling and hollowing all 
solid pieces of metal, and by using an optimum amount of 
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Fic. 5. The final armature. The vertical and lateral windings are 
visible through the holes in the bobbin. The round magnesium 
dises visible near the stylus chuck are feedback activators. The 
thinned-out section near the rear of the armature is the flex bar 
(pivot). 


wire. Due to the high level of power dissipated in the 
armature, materials had to be chosen to withstand up to 
500°F. Ceramic-insulated wire wound on an anodized alu- 
minum bobbin impregnated with high-temperature epoxy 
fulfilled these requirements. The armatures have withstood 
all kinds of abuse without breakdown. 


Feedback System 


Before choosing the motional feedback means actually 
used in the cutter system, most of the usual transducers 
were considered and some were tried. Of the velocity- 
sensitive methods, the magnetic types are subject to un- 
wanted inductive pickup from the two motor coils, low 
sensitivity, and are rather delicate structures; the de capac- 
ity types, although perhaps theoretically linear, are in prac- 
tice nonlinear, insensitive, subject to undesired static field 
pickup, de leakage with humidity, and difficult to cable. 
Of the well-known displacement-sensitive methods, the rf 
capacity type suffers from most of the difficulties of the dc 
capacity type, particularly stray fields and nonlinearity. 
The piezoelectric types are so difficult to harness mechani- 
cally as to be not worth considering. All of the above in- 
volved the addition of some undesirable mass to the arma- 
ture. 

There is considerable merit in the use of a displacement 
responsive feedback pickup in a cutter system because the 
region of the audio spectrum requiring feedback the most is 
that region below its mechanical resonance where the 
cutter is stiffness-controlled, since it is only in this region 
that the lacquer loads the stylus appreciably, this loading 
being nonlinear. Since the cutter is constant amplitude in 
this region, an amplitude pickup can provide feedback con- 
trol down to the lowest program frequencies, for example, in 
this case, 10 db to below 15 cy. 

The feedback system used in the cutter is a novel rf sys- 


tem having none of the defects of previously known rf sys- 
temst (see Fig. 7, beta amplifier). It is amplitude respon- 
sive, provides high level output (100 mv/mil) with low 
noise (5 pv), is extremely linear, and involves no critical 
tuning or balance conditions. It consists, in essence, of a 
variable inductance balanced transducer, transformer- 
coupled bridge circuit, amplitude-stabilized rf oscillator, and 
differential detector. It is not a frequency modulation and 
detection system and does not depend for proper operation 
on the frequency stability of the oscillator or the associated 
circuitry. No mass need be added to the armature for the 
pickup feature, although for convenience we have added 
small discs which increase the mass by a few tenths of a 
per cent (see Fig. 5). 

The detected transducer output is fed to a modest gain 
3-stage amplifier which has its own heavy feedback, in the 
order of 36 db for frequencies below 500 cy (V503, V504, 
and V553). The internal feedback frequency response of 
this amplifier is tailored to provide an over-all feedback 
amplifier response, such that the system within the motional 
feedback loop will be constant amplitude below 500 cy and 
constant velocity above 500 cy. 

In addition to the motional feedback, a small amount of 
selective over-all electrical feedback is used to control the 
response of the system above the audio band. 


Amplifier 


As can be seen in the circuit diagram (Fig. 7), the ampli- 
fier is rather conventional looking with a few exceptions. 
New ceramic output tetrodes are used. These tubes, even 
though half the size of 6L6’s, are capable of approximately 
1000 w in Class B (see Fig. 8). The 4CX250B tubes in 
this amplifier are used strictly in Class A, giving phenome- 
nally low distortion (see Fig. 9). 

Since, in the recording application, the driving of an 
inertia-controlled cutterhead requires the greatest power at 
high frequencies, the amplifier should also have very low 
difference tone distortion. This unit meets such require- 
ment quite well, having 0.8% of the second-order difference 
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Fic. 6. Armature response without feedback. The solid line indi- 

eates the voltage at the feedback amplifier output. This constitutes 

constant velocity response above 500 ey and constant amplitude 

response below 500 cy. The broken line indicates constant velocity 
response of the armature. 


+t Invented by Norman J. Anderson, patent applied for. 
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FAIRCHILD 641 SYSTEM 
SIMPLIFIED SCHEMATIC 


NOTE 
(ALL TUBES (2847 UNLESS IDENTIFIED 
OTWERWISE, 


Fic. 7. A simplified schematic diagram of the amplifiers. All metering resistors, all decoupling and filtering cireuits are left out for 
the sake of simplicity. Also omitted are the 10-Me oscillators and the power supply. The upper right portion shows the lateral ampli- 
fier, the upper left the lateral feedback transducer and amplifier; the lower right shows the vertical amplifier, the lower left the vertical 


feedback transducer and amplifier. ' 


tone at 100 w and no higher order difference tones. At 200 
w, the second-order difference tone was 0.4%, the third, 
0.6%. 

Here is a brief description of the amplifier (see Figs. 7, 
10, and 11). The input is first passed through the R101 
and R201 1-db-per-step attenuator to T101 and 7201. The 
input transformers 7101 and 7201 fill a dual function: first, 
they act as matrixing networks separating each stereo chan- 
nel into their respective lateral (sum) and vertical (differ- 
ence) components; secondly, these transformers provide the 
necessary stepup. The secondary of T7101 now supplies 
lateral information, the 7201 secondary vertical informa- 
tion. The secondaries, through a switch, $301, feed pre- 
emphasis networks, position 1 being RIAA curve, position 2 
POP curve, and position 3 FLAT curve. The second switch 
shown, S302, provides low-frequency roll-off of vertical 
components as well as deactivating the vertical amplifier for 
cutting lateral records. This monophonic position (position 
5, $302) also increases the gain of the lateral channel by 
3 db (R105, R106, and R107) to correct for the difference 
of the lateral component level between monophonic and 45° 


stereophonic groove (Y 2 ). 


In order for a vertical-lateral cutting system to have good 
separation between the 45° channels, the amplitudes as well 
as the phase angle of vertical vs. lateral channel must co- 
incide within close tolerances. To achieve this, several 
screwdriver adjustments are provided: R206 provides bal- 
ance adjustment, R114 and R214 adjust 10- to 15-kc region, 
and R175 and R275 the 4- to 7-kc region. 

From the control grids of V101A and V201A, both ampli- 
fying channels are identical and only lateral channel will 
be described. 


The V1O1A is a plate-loaded stage with relatively large 
cathode resistors, R110 and R111, being bypassed by fre- 
quency discriminating components L101, £102, and C108. 
This network is used to compensate for cutterhead defi- 
ciencies at high frequencies. The R114 can be adjusted if 
changing cutterheads is necessary. The V1O1A is coupled 
to V102A, and V102A is again a conventional plate-loaded 
amplifier with motional feedback (R119, R118, and C110) 
from the beta amplifier and electrical feedback (C111, R121, 
R120, and C112) returned to its cathode. The respective 
RC networks are included to compensate for phase at high 
frequencies. The R175 adjusts the amount of electrical 
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Fig. 8. The 6L6GA tube compared to the 4CX250B. Even 
though less than half the size of the 6L6, the 4CX250B has 10 
times the plate dissipation of a 6L6, and 20 times the output power 
capability of a 6L6. 


feedback and thereby influences the amount of motional 
feedback as well as cutterhead response at mid-high fre- 
quencies. It was found desirous to control the electrical 
rather than the motional feedback in order to retain correct 
gain and phase relationships. 

The V102A is directly coupled to the grid of V102B split- 
load phase inverter. The variable resistor R128 in the plate 
circuit of V102B is used to balance the drive to the next 
stages. This potentiometer is adjusted for minimum inter- 
modulation distortion. The V102B is capacitor-coupled to 
the grids of V103A and V103B. The auxiliary feedback net- 
work is returned to the cathodes R135, R139, C121, R136, 
R140, and C122. The V103A and V103B (12BH7) are 
coupled via low-frequency phase shift networks to the grids 
of the cathode follower drivers V106 and V107 (12BH7). 
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Fic. 9. The intermodulation distortion curve: 
4:1 ratio. 
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_ Fic. 10. A front view of the power amplifier showing the meter- 
ing, attenuation, and equalization facilities. 


A second phase-correcting high-frequency feedback loop is 
fed back to the grid of V106 and V107 from the plates of 
the output tubes. The cathode followers are directly 
coupled to the control grids of the output tubes V104 and 


Fig. 11. The rear view of the power amplifier. The 4CX250B’s 
are hidden under the perforated cover because of their exposed 
anode carrying a high voltage and operating at a high tempera- 
ture. The input and output transformers are hidden inside the 
chassis. 


V105 (4CX250B), the 4CX250B’s being transformer- 
coupled (7102) to the cutterhead coil. The output tubes 
are cooled by a small centrifugal blower and dissipate ap- 
proximately 150 w each. Since they have a plate-dissipa- 
tion rating of 250 w each, they have demonstrated their 
remarkable ability to withstand severe overloads without 
damage. 

To provide continuous motion monitoring while cutting, 
the beta amplifier output is fed through C130, R123, and 
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A NEW STEREO FEEDBACK CUTTERHEAD SYSTEM 
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DESIRED CHANNEL RESPONSE 


_— TYPICAL 641 SYSTEM 
— FREQUENCY RESPONSE 


= | 
20 50 70 100 §6200 500 7001000 2KC 5 20 
KC KC 
Fie. 12. The solid line shows the complete system response of 
each channel, the broken line the response of the rejected channel. 
These curves indicate the frequency response of + 2.5 db from 20 


to 16 ke and a separation in excess of 20 db below 10 ke. 


SKC 7KC 10 
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R125 to the monitor tube V101B. A section of the pre- 
emphasis switch S301, positions 1D, 2D, and 3D, de- 
emphasizes the audio returned from the beta amplifier (RC 
networks R125 and C113). The monitor circuit output 
transformers also have to recombine the lateral and vertical 
information to the left and right channels, and this is done 
at the secondaries of 7103 and 7203. 


CONCLUSION 

Since the cutter system is comprised of components de- 
scribed separately in this paper, it is only normal to con- 
clude by considering the results of these components work- 
ing together. Figure 12 shows the over-all frequency 
response of the cutter system. This is well within the ob- 
jectives set forth. All other objectives were also met in a 
practical unit, including separation in excess of 20 db up 
to 10 kc, and even above 30 db at midfrequencies (see Fig. 
12). Above 10 kc, the separation ranged from 18 to 10 db. 


Fic. 13. The final completed version of the cutterhead. 
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This, however, in no way detracted from excellent aural 
separation. On the other hand, all of the velocities were 
met with over 6 db of power to spare, representing the mar- 
gin of 150 w to take care of unusually high peaks. Figure 
13 shows outside appearance of completed cutterhead. 

The prime reason for disc recording is not the recording 
of sine waves but the complex wave form of sound. In the 
final analysis, a system of this complexity, involving both 
the cutter and the playback system, can only be judged by 
a thorough subjective listening test.+ 

The authors hope that this system will materially advance 
the art of stereo disc recording. 
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+ Therefore, whenever possible, we tried to confirm our measure- 
ments by listening to the recordings and A-B testing them against 
the original source. 
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SUMMARY 


In order to establish design criteria for orchestral studios, which 
should be similar in performance to good concert halls, an extensive 
investigation has been in progress for many years. 

The effects of shape on the subjective acoustic qualities of a large 
enclosure are here examined with reference to a large number of 
concert halls and music studios, and a comparison is made, in par- 
ticular, between concert halls of the traditional type and those which 
have been built during the last few decades. The former were generally 
of rectangular plan with walls and ceilings overlaid with ornamentation, 
whereas most recent designs have fan-shaped plans, reflecting canopies 
and comparatively smooth surfaces. 

Measurements of sound levels in different parts of concert halls 
during orchestral concerts show that, for a given sound level in the 
neighbourhood of the platform, the intensity at the back of the hall 
is no greater in halls with fan-shaped plans and reflectors than with 
the traditional rectangular shape. In the former case, the gain in the 
intensity of the first few reflections which results from the shape of the 
hall is offset by a reduced reverberant sound level. 

The authors conclude that the modern fashion of directing the early 
reflections towards the back of a concert hall, although it may improve 
the hearing of speech, has an adverse effect on the quality of music. 


(1) INTRODUCTION : 

A considerable portion of B.B.C. programme time is devoted 
to orchestral music, and the Corporation therefore maintains a 
number of studios to accommodate orchestras of between 60 
and 100 performers. In the interests of realism it is necessary 
that programmes produced in these studios should have the 
characteristics associated with orchestras in concert halls, and for 
this reason the B.B.C. has studied the acoustics of many concert 
halls to establish acoustical standards for its own use. It is the 
purpose of the paper to describe the conclusions reached as a 
result of investigations made in many large studios and concert 


» halls. 


In recent years several new concert studios and concert halls 
have been built, both in this country and throughout Europe. 
It has now been possible to make detailed acoustic surveys of all 
the modern studios and concert halls in Great Britain and also 
to visit corresponding places of interest on the Continent, though 
without making instrumental measurements. The various points 
of interest will be discussed in the paper in the light of present- 
day experience. Most modern designs have been based on the 
belief that it is necessary to adopt fan shapes, splays and reflectors 
to obtain satisfactory acoustics. Comments by one of the 
authors! in 1949 when comparing the Liverpool Philharmonic 
Hall and St. Andrew’s Grand Hall, Glasgow, may therefore be 
of interest. The conclusions at that time were as follows: 


These experiments have been of great interest, because there is a 
widespread belief that good acoustic conditions can be obtained by 
reflecting sound forward into the auditorium. There are several 
studios or concert halls in which this has been done, but the 
Philharmonic Hall is the only example in this country. The per- 
formance of St. Andrew's Hall is of particular interest, because 
there are no large reflecting areas near the orchestra and yet the hall 
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fulfils all the requirements for good acoustics. It seems, therefore, 
that the projection of sound is not necessary, but it still remains to 
be proved whether good acoustics can be obtained in fan-shaped 
halls if proper precautions are taken to produce adequate dispersion. 


The article was based on detailed measurements in two halls 
only and a survey of a few others. At the time there was wide- 
spread interest in the design of concert halls, with special reference 
to the Royal Festival Hall, Free Trade Hall and Queen’s Hall 
sites. Fan-shaped plans were much favoured by those who 
were involved in these projects. For the Royal Festival Hall, 
a rectangular plan was adopted, but many of the effects of fan 
shapes were obtained by means of splays. Since that date, three 
large concert halls have been built in this country alone, and 
several B.B.C. music studios varying in size from 30000 to 
220000 ft? have been rebuilt or acoustically treated. 

The paper gives results of investigations made mainly in 
Great Britain. Objective measurements are confined to informa- 
tion about shape, construction and dimensions and to the acoustic 
parameters which are universally recognized, such as reverbera- 
tion time and sound-level distribution. Details of an acoustic 
criterion, based on objective measurements, which gives good 
agreement with subjective assessments, are also given. The 
more general subjective assessments are based on opinions 
collected over a number of years by the authors from publica- 
tions, newspaper criticisms and conversations with musicians 
and listeners. There will inevitably be disagreement with these 
views, which are unlikely to be accepted universally, but they are 
believed to be a fair representation of informed opinion. 

The more detailed descriptions of acoustic characteristics are 
the judgments of the authors and their colleagues, and recordings 
demonstrating many of these effects are in existence. 

Before proceeding to describe the recent investigations it 
may be desirable to define the terms commonly used to describe 
the subjective qualities of a concert hall or studio. 


(2) GLOSSARY OF ACOUSTIC TERMS 


Balance.—The loudness relationship between different groups 
of musical instruments in an orchestra, as heard from a point in 
the auditorium or by means of a microphone. 

Bass masking —The masking of instruments such as strings 
and woodwinds by the low-frequency instruments such as brass 
and percussion. It is observed in enclosures which give undue 
weight to the low-frequency instruments. 

Coloration.—A characteristic timbre imparted by the acoustics 
of the enclosure. It is often caused by undamped normal modes, 
or resonances in the structure, which cause reradiation at specific 
frequencies after the exciting sound has ceased. 

Deadness.—The opposite of ‘liveness’. A characteristic of 
enclosures in which the reverberation time is very short, or of 
points in an enclosure where the ratio of direct to reverberant 
sound is high. 

Definition. —That quality which enables all the parts in an 
orchestral work to be heard clearly. 

Diffusion (formerly dispersion).—Describes uniformity in dis- 
tribution of sound energy in an enclosure. 
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ACOUSTICS OF LARGE ORCHESTRAL STUDIOS AND CONCERT HALLS 


Echoes.—Discrete reflections from surfaces so situated that the 
reflection arrives after the wanted sound has died away. 

Flutter echoes.—A rapid multiple echo of even rate. It is 
usually caused by parallel reflecting surfaces between which 
sound is reflected in a periodic manner. 

Liveness.—The term is applied (a) to enclosures in which the 
reverberation time is high, or (b) to a point in an enclosure 
where the ratio of direct to reverberant sound is low. 

Pitch changes.—Rise or fall of pitch due to frequency changes 
in the reverberant sound as it dies away in an enclosure. (Not to 
be confused with the purely subjective slight fall in pitch which 
is always heard as the intensity of sound of fixed frequency is 
reduced.) 

Scattering —The effect of irregularitics in the surfaces; by 
distributing sound, it tends to improve diffusion. 

Singing tone.—A property which enables an enclosure to 
respond easily to any frequency and appears to be related to the 
manner in which the sound dies away. 

Slap back.—Echoes from the rear surfaces of an enclosure. 

Standing-wave system.—An interference pattern characterized 
by stationary nodes and anti-nodes. 


(3) CHARACTERISTICS OF OLD HALLS 


Most of the concert halls built during the latter half of the 
nineteenth century resembled to some extent the Gewandhaus at 
Leipzig. Hence these halls are often referred to as the ‘Leipzig’ 
type. They have side and rear balconies, and the orchestra is 
situated on a flat platform behind which there is raked seating 
for the choir. Fig. 1 shows St. Andrew’s Hall, Glasgow, which 
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Fig. 1.—St. Andrew’s Hall, Glasgow. 


(a) Long section. 
(5) Plan. 


is a typical example. As these halls were designed for other 
purposes in addition to music, the floor is usually flat. In the 
early days much wood was used in the internal decoration, but 
towards the end of last century it became fashionable to employ 
lath and plaster with ‘stick and rag’ construction for the orna- 
mentation, which was usually very complex. Such irregularities 
scatter the sound waves and produce good diffusion, although 
at that time this was not recognized to be an essential requirement 
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for good acoustics. Because of the seating placed behind the 
orchestra, there is considerable absorption, thus making the 
region where the brass and percussion instruments are normally 
situated more dead than the front of the platform where the 
strings perform. The methods of construction of floors, ccilings 
and balconies resulted in great variation in the frequencies of the 
Structural resonances, so that the sound absorption from this 
source was evenly distributed and colorations due to resonances 
were avoided. Good British examples of Leipzig-type halls 
were the Queen’s Hall, London, the old Free Trade Hall, Man- 
chester, the old Colston Hall, Bristol, the old Philharmonic Hall, 
Liverpool, and St. Andrew's Grand Hall, Glasgow. Unfor- 
tunately the only remaining example of these old halls is St. 
Andrew's Hall, all the others having been destroyed by fire. 
Therefore it has received detailed study in an endeavour to find 
the reason for their outstanding acoustic properties. 


(3.1) St. Andrew’s Hall, Glasgow 


Most of the older halls had reasonably long reverberation 
times. Fig. 2 shows the reverberation times* of concert halls 
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Fig. 2.—Relation between optimum reverberation time and volume. 
Reverberation times with orchestra, and audience where applicable. 


Glasgow, St. Andrew's Hall. 
Edinburgh, Usher Hall. 

Liverpool, Philharmonic Hall. 
Copenhagen, Concert Hall. 

London, Royal Festival Hall. 
Manchester, Free Trade Hall. 
Bristol, Colston Hall. 

London, Maida Vale, Studio 1. 
Glasgow, Studio |}. 

Swansea, Studio 1. 

Carditf, Charles St. Hall. 

Glasgow, Studio 2. 

London, Maida Vale, Studio 2. 

. London, Maida Vale, Studio 3. 

. Belfast, Studio I. 

. Birmingham, Carpenter Road Studio. 
. Manchester, Milton Hall. 

. London, Broadcasting House, Concert Hall. 
. London, Farringdon Hall. 
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and concert studios discussed in the paper, plotted as a func- 
tion of volume. In St. Andrew's Hall this is 1-9sec with 
the audience and orchestra present. In addition, the variation 
between different parts of the auditorium is small, thus indicating 
excellent diffusion. The roof construction is entirely in timber 
supporting a deeply coffered ceiling of plaster, the outline of 
which may be seen in the long section in Fig. 1. The walls are 
lined with lath-and-plaster panclling in a varied design, except 
near floor level in stalls and balconies, where wood panelling is 
used for protective purposes. The floor is oak strip on joists 
over a crypt used for storage. This construction results in 
* The figures given are the mean values for the frequency range 125¢/s-4 ke/s 
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distribution of the structural resonances throughout the low- 
requency region, with the result that the hall is notably free from 
colorations. Bass notes are very clear and unmarred by pitch 
changes during the decay of sound. Another characteristic of 
this hall is the fact that, although the reverberation time is long, 
it is possible to hear all the individual parts, even in loud passages. 
This characteristic is well described by the music critic of The 
Times as follows :? 


St. Andrew's Hall is notoriously generous in its acoustics but it 
does not blur outlines and the fact that the texture was also clear 
as well as warm was a certificate of the orchestra’s purity of intonation. 


It may therefore be concluded that, if other essential features 
have been incorporated in the design, a reasonably long rever- 
beration time is not a disadvantage. These features are: 


(a) Good diffusion. 

(b) A reverbcration-time/frequency characteristic that does not 
rise at low frequencics. 

(c) Local absorption behind the orchestral platform to keep the 
powerful instruments under control. 


All these requirements have been fulfilled in St. Andrew's 
Hall, which has a richness of tone quite absent from all modern 
halls. One disadvantage of the long reverberation time is that 
the hall, although good, is not ideal for the hearing of speech. 
Parkin? has stated that the reverberation time is obtained at the 
expense of echoes from the rear and that to cure them absorption 
would be necessary. So far as the authors are aware the normal 
users of this hall have never complained of echoes, a judgment 
with which they agree. (This is confirmed by the fact that in all 
post-war subjective comparisons, e.g. that of Parkin, Scholes 
and Derbyshire,‘ this hall has been ranked either first or second 
of British halls.) In any case, the area of absorbing material 
which would be required to suppress echoes would be too small 
to reduce the reverberation time appreciably. It would indeed 
be possible to employ diffusing surfaces instead, which would 
distribute the energy over a wide angle without decreasing the 
reverberation time. 

While trying to find reasons for the excellent acoustics of 
St. Andrew’s Hall, a survey of the literature was carried out, and 
the discovery was made that the acoustic consultant for this hall 
was the architect who had designed the old Liverpool Phil- 
harmonic Hall completed in 1849. This architect, John 
Cunningham, had an extensive practice in Liverpool until he 
retired in 1872. Because the Liverpool Philharmonic Hall was 
considered to have excellent acoustic properties, Cunningham 
was engaged to act in a consulting capacity for St. Andrew’s 
Hall. This was opened in 1877, but Cunningham died before 
its completion. It is unfortunate that he left no description 
of the details of the acoustic design of these halls, for, 
although it is often said that the acoustics of the old concert 
halls were largely a matter of chance, it may be significant that 
Cunningham was seninanns for two halls in succession both of 
which were good. 

The success of these two concert halls might be explained if 
the architect copied known good designs, although in this con- 
nection Caird Hall, Dundee, which is similar in design to St. 
Andrew’s Hall, is not successful, probably because its length is 
too great for the other dimensions. 

Several good concert halls built during the latter half of the 
nineteenth century have been mentioned, but this does not 
imply that all halls built during this period were good: the 
converse is, in fact, true. This was the period of rapid industrial 
expansion and consequently of extensive building activities 
including the construction of many halls throughout Great 
Britain. Most of them were not built specifically for music 
and were, in fact, not satisfactory for this purpose. 


T. SOMERVILLE AND C. L. S. GILFORD 


(3.2) Usher Hall, Edinburgh 
In the early part of this century the design of concert halls 
began to differ from the Leipzig type, one well-known example 
being the Usher Hall, Edinburgh, opened in 1914. All the 
orchestral concerts at the Edinburgh International Festival are 
given here. This hall has a horseshoe plan with raked seating in 
the stalls and two balconies (see Fig. 3). Behind the orchestra 
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3.—Usher Hall, Edinburgh. 


(a) Long section. 
(6) Plan. 


are choir seats, but the side walls are close to the orchestra since 
the balconies do not go round beside the orchestra as in the 
Leipzig type. The hall is smaller in volume than St. Andrew’s 
Hall, and as the seating accommodation is greater it has a 
reverberation time of 1-7sec, which is less than is desirable. 
Hence the tonal quality is, by comparison, a little harsh although 
the hall is quite good. There are some bass colorations. 
apparently due to structural resonances in the stage. The 
extensive hard surfaces near the sides of the orchestra sometimes 
cause accentuation of instruments which happen to be placed in 
the vicinity. There is less scattering than in good Leipzig-type 
halls and consequently less diffusion, and this would explain 
some observed variation in acoustics between different positions 
in the auditorium. 


(4) CHARACTERISTICS OF MODERN HALLS 

It has not been possible to find out the origin of the present- 
day belief that modern concert halls should resemble cinemas 
and that it is necessary to adopt a fan-shaped plan and to sur- 
round the orchestra by reflectors to project the sound energy 
on to the audience. With small rooms rectangular plans may 
cause flutter echoes, but this phenomenon has not been observed 
by the authors to be of importance in any large concert halls. 
The reason usually given for a fan-shaped plan is that it improves 
the sound level at the back of the hall. The fashion appeared to 
start with the Salle Pleyel in Paris, which is an early example of 
a hall in which sound projection was attempted. 
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(4.1) Salle Pleyel, Paris 
The features of the Salle Pleyel have been described by 
Bagenal and Wood,” the basic principle being that sound should 
be reflected as directly as possible on to the audience, which in 
this hall is seated in raked stalls and two balconies. Fig. 4 shows 


~ 


| 
CIRCLE F 


STALLS 


i= 


BALCONY 


(b) 


STALLS 


PLATFORM CIRCLE 


ln 


Fig. 4.—Salle Pleyel, Paris. 


(a) Long section. 
(d) Plan. 


the long section and plan of the hall. According to Andrade® 
the result, so far as speakers are concerned, is eminently satis- 
factory because the reverberation time is short and cchoes are 
absent. However, the hall has a poor reputation for musical 
acoustics—to such an extent that it is seldom used for orchestral 
concerts. The reasons for this will be discussed in connection 
with modern halls in Great Britain which the authors have been 
able to investigate in detail. Although the behaviour of the 
Salle Pleyel is not outstanding, the design principles are sup- 
ported authoritively in most modern textbooks. Furthermore, 
those principles have been applied in varying degrees in most 
modern designs. 


(4.2) Philharmonic Hall, Liverpool 

The earliest example of a modern hall in Great Britain is the 
new Liverpool Philharmonic Hall, completed in 1939 to replace 
the old concert hall which had been burnt down. This hall is fan- 
shaped and the walls and ceiling are designed to act as reflectors so 
that the sound energy is directed from. the orchestra on to the 
audience. A long section and plan are shown in Fig. 5. In any 
concert hall the audience is the main source of absorption, and it 
is therefore not surprising that, because much of the sound reaches 
the audience after very few reflections and consequently cannot 
contribute to reverberation, the hall is dead for its volume. The 
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Fig. 5.—Liverpool Philharmonic Hall. 


(a) Long section, 
(6) Plan. 


volume is 476000 ft? and the reverberation time is about 1-5 sec 
with audience. A detailed study of this hall has been made in 
comparison with St. Andrew's Hall, Glasgow,' so that only a 
summary is necessary here. The tonal quality is a little harsh, 
owing to the short reverberation time, and the distribution 
of sound is somewhat patchy because of poor diffusion. It is 
found that the powerful instruments tend to mask the others 
but that this effect can be reduced if the choir seats behind the 
orchestra are occupied. A good feature is that there are no 
seats under balconies, which always present difficulty because of 
screening. The performance of the hall, whik not comparable 
with the old Liverpool Philharmonic Hall, is satisfactory. 


(4.3) Concert Studio, Copenhagen 

An interesting example of modern design is a large concert 
studio built in Copenhagen in 1942 by the Danes, during the 
German occupation. The long section of this studio (see Fig. 6) 
is very reminiscent of the Salle Pleyel, but in plan it is more 
fan-shaped. The volume is 420000ft?, and the reverberation 
time is 1-Ssec, which is short. In this studio the rear walls 
were made curved, and it was therefore necessary to apply a thick 
layer of absorbing material to prevent echoes, although this 
obviously increases the absorption which is, already too high. 
Because of the deadness and the lack of diffusion, the tonal 
quality is harsh and the acoustic characteristics vary con- 
siderably from place to place. It is impossible to hear all the 
instruments in the orchestra in heavy passages, the more powerful 
instruments near the reflectors being those which predominate. 
For broadcasting a multi-microphone. technique is therefore 
essential in order to enable all the parts to be heard. 


(4.4) Concert Hall, Gothenburg 


A modern concert hall having an acoustic performance very 
similar to that of the Liverpool Philharmonic Hall has been 
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Fig. 6.—Concert Studio, Broadcasting House, Copenhagen. 


(a) Long section. 
(6) Plan. 


built in Gothenburg. It also is designed to reflect sound from 
the orchestra, but, whereas in Liverpool the interior surfaces 
are constructed in plaster, wood panelling is used in Gothen- 
burg. There is no balcony but the rear seating is steeply 
raked. The treatment of the back wall is interesting because the 
architect avoided the use of absorption to prevent echoes by 
sloping the wall so that reflections from it would come down 
on the seats towards the rear. Unfortunately, in certain areas 
marked echoes can be heard from this surface. In this hall also, 
hearing is difficult and several microphones are necessary when 
broadcasting. 


(4.5) Royal Festival Hall, London 


The first concert hall to be built in Britain after the war was 
the Royal Festival Hall, adequate descriptions of which are to 
be found in the literature.’** The long section and plan are 
shown in Fig. 7. Its designers decided that a rectangular plan 
should be employed in preference to a fan shape, but although 
the structure is rectangular, splays, reflectors over the orchestra, 
and a shaped ceiling have been used to project the sound on to 
the audience, so that the effects of a fan shape are obtained. 
This means that the hall is dead for the volume. The reverbera- 
tion time with an audience is | -5 sec, and the volume is 760000 ft?. 
Its designers were aware of the advantages of diffusion in concert 
halls, and therefore, although the general shape of the ceiling was 
designed to project sound forwards, it was corrugated to give 
diffusion. Unfortunately, this is only effective in longitudinal 
directions and there is little diffusion transversely. A feature of 
the design which caused much comment was the provision of 
boxes on the side walls. According to the designers these were 
intended to provide diffusion, in addition to accommodating a 
larger audience. From the observed effect of boxes in opera 
houses on the Continent, the authors believe that little diffusion 
is obtained from this source but that there is a considerable 
increase in absorption produced by such cavities containing 
audience and draperies. If the side walls had been made 
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Fig. 7.—Royal Festival Hall, London. 


(a) Long section. 
(6) Plan. . 


diffusing, but without the increase in absorption provided by the 
boxes, it is probable that this hall would have been more 
reverberant than it now is. 

The Royal Festival Hall is very good for the hearing of speech 
because of its deadness and the absence of prominent echoes. 
It is also good for chamber music and for the Mozart-size 
orchestra. As the size of the orchestra increases a true ensemble 
becomes more difficult to obtain, and for a full-size symphony 
orchestra, conditions, in the authors’ opinion, are not entirely 
satisfactory. Press comments on the hall in the first eighteen 
months after its completion were divergent. The majority 
considered the ‘fullness’ or ‘resonance’ to be satisfactory, but a 
minority amounting to about 40° considered the hall too dead. 

There was similarly a fairly considerable minority of unfavour- 
able reports on blend and balance; one of these,? with which the 
authors are in general agreement, is of interest: 

Two kinds of music seem to suffer the most; the elusive atmo- 
spheric piece. and the sumptuous late Romantic scores of Wagner, 
Strauss and Rachmaninoff. . . . 

It is doubtless one and the same fault which prevents these cate- 
gories of music from having their proper effect. Probably the 
reverberation period of the hall is still just too short; possibly the 
steep slope of the orchestra and auditorium encourages the brass 
and percussion to drown the strings in the valley between. What- 
ever the cause it is quite astonishing how differently music of a fully 
saturated texture can sound in a suitable auditorium such as the 
Prinzregenttheatre in Munich or the Concertegebouw in Amsterdam. 

By the way, I must protest at the assumption that those of us 
who are not quite satisfied . . . are displaying a taste vitiated by 
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long experience of the Albert Hall. . I can think of no famous 
auditorium with the peculiar dryness of tone which is to be felt at 
every big climax in the Festival Hall. There seems to be a growing 
concensus of opinion about this fault. . 


(4.6) Free Trade Hall, Manchester 


The new Free Trade Hall, Manchester, was the second large 
hall to be built in Britain after the war. Although intended to 
accommodate the Hallé Orchestra, the necessity to use it also for 
other purposes placed restrictions on the design as a concert 
hall. The original hall of the Leipzig type, which was similar in 
performance to the old Liverpool Philharmonic Hall and St. 
Andrew’s Hall, Glasgow, was destroyed by bombing. It was 
necessary, for economic reasons, to increase the seating in the 
new hall, and for this purpose, in addition to side balconies, a 
circle and a balcony were added, as shown in Fig. 8. To 
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Fig. 8.—Free Trade Hall, Manchester. 


(a) Long section. 
(6) Plan. 


counteract screening by the balconies it was decided to fit splays 
behind the orchestra and reflectors overhead, but the ceiling was 
made flat and coffered because a reflecting ceiling was not con- 
sidered to be necessary. The projection of sound is therefore 
not so efficient as in the other modern halls described, but even 
so the reverberation time is only 1-6sec with audience in a 
volume of 535000 ft?. Consequently, although the reverberation 
time is shorter than is desirable, the tonal quality is less harsh and 
the acoustic characteristics are more satisfactory than those of 
the Royal Festival Hall. There is, however, still difficulty caused 
by the reflectors over-emphasizing the powerful instruments, and 
hearing conditions vary somewhat throughout the ‘auditorium. 
Because of screening, hearing is only fair at the back of stalls, 
circle and balcony. 


(4.7) Colston Hall, Bristol 


The Colston Hall was rebuilt in 1951, after destruction by fire, 
using the original outer shell. The auditorium plan, shown in 
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Fig. 9.—Colston Hall, Bristol. 


(a) Long section. 
(6) Pian. 


Fig. 9, is rectangular apart from slight modifications of the back 
wall, and the ceiling is slightly concave in both directions. No 
attempt was made to break up the flat ceiling areas either with 
lighting rolls as in the Royal Festival Hall, or with coffering as 
in the Free Trade Hall. Lighting is by hanging fittings, and the 
only breaks in the ceiling surface are the ventilation outlets. 
In this hall the canopy differs from those in other post-war 
halls. The part of it immediately over the central stage is 
horizontal, with the object of reflecting sound back to the 
orchestra itself in order to enable the performers to hear the 
balance between their own instruments and the orchestra as a 
whole. The remainder of the canopy reflects sound into the 
audience, but the total sound energy thus directed is much less 
than in other post-war halls. The height of the auditorium ceiling 
is greater in relation to the volume than is the case with most 
concert halls. To give a convenient representation of this 
relationship, we may calculate the ratio of the overall height to 
the geometric mean of length and breadth. Comparative figures 
are as follows: 


Liverpool Philharmonic Hall 0-34 
Royal Festival Hall - 0-39 
St. Andrew's Hall 0-49 
Colston Hall Pe = és -- 0-53 
Free Trade Hall .. - v Sy 


The orchestral platform has high risers to ensure good direct 
sound to the main seating area. The upper parts of the side walls 
are panelled with veneered chipboard arranged in a sawtooth 
plan, providing bass absorption and scattering, and the walls 
below the balcony are panelled in solid wood with a deeply 
modelled profile.'° High-frequency absorbers are sparingly used 
only where thought necessary to prevent long-path echoes. 

The reverberation time of this hall is 1-7sec between 500 
and 1000c/s with full audience, and just over 2sec when empty. 
The former figure is higher than that for the other two post-war 
halls in spite of the fact that its volume (450000 ft) is considerably 
less. The tonal quality is accordingly fuller than in either of 
those halls, and this has been achieved without the production of 
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echoes. The definition is good but not, perhaps, exceptional; 
with the hall empty there is a tendency for the tympani and brass 
to be prominent, but this is less noticeable with a full audience. 


(4.8) General Characteristics 


In all these modern halls, except perhaps the Colston Hall, the 
reverberation time is shorter than the normally, accepted values 
for their volumes. The result is therefore harsh tonal quality 
which always goes with deadness, but is further accentuated by the 
fact that the sound decay is uneven as a result of insufficient diffu- 
sion—an inevitable consequence of the projection of the sound in 
one direction. All of them, to a greater or less extent, are affected 
by bass masking, caused by the fact that the strings are away 
from reinforcing surfaces, whereas the noisy brass and per- 
cussion instruments are close to the reflectors and mask the 
weaker instruments in loud passages. Bass masking can also 
occur in halls where the reverberation time increases at low 
frequencies, but as this fault is recognized by British designers, 
most modern halls have been given bass absorption sufficient to 
keep the characteristic down at low frequencies. Because the 
projection of energy towards the rear is efficient in many of these 
halls, the rear surfaces have been covered with absorbent material 
to prevent the effect known as ‘slap back’. Only in the concert 
hall in Gothenburg has the rear wall been inclined to prevent 
echoes without the need for extra absorption. 


(5) TYPICAL DESIGN CRITERIA 


As a result of the investigation of many large studios and 
concert halls in this country and abroad, and while the authorities 
concerned were still considering the design of the Royal Festival, 
Free Trade, and Colston Halls, design criteria were formulated 
as a basis for the acoustic design of B.B.C. orchestral studios. 

B.B.C. experience is that a concert hall which is good for 


‘broadcasting with a single microphone will always be good for 


direct listening, but the converse is not necessarily true. This is 
brought about by the fact that the binaural hearing of the normal 
member of a concert audience enables many of the faults which 
would be deleterious to broadcasting to be ignored, and it there- 
fore follows that many concert halls which are accepted by an 
audience are unsatisfactory for broadcasting. In some cases, 
on the other hand, by suitable arrangement of microphones, it has 
been possible to obtain good broadcast results from halls which 
have bad reputations with concert audiences. 

The criteria used by the B.B.C. in concert-studio design may 
therefore be of some interest, since concert studios are intended 
to reproduce the acoustic characteristics of good concert halls. 


(5.1) Shape 


Until 1939 all B.B.C. music studios were built in the traditional 
rectangular form. The interruption in the studio building pro- 
gramme between 1939 and the end of the war prevented the 
building of any large orchestral studios. When it was possible 
to consider rebuilding, surveys of British and Continental concert 
halls led to the opinion that fan shapes, which cause the sound 
to be reflected away from the orchestra, produce unsatisfactory 
conditions. As reflectors and concave ceilings also have the 
same effect they have been avoided in all modern designs by 
the B.B.C. . 

Since the end of the war the B.B.C., because of continued 
restrictions on building, has from time to time acquired small 
halls for use as concert studios. Some of these with eccle- 
siastical origins have pitched roofs, so that the ratio of height to 
length and breadth is greater than that normally adopted in 
concert studios. In most cases these halls have good acoustics 


and give an acoustic impression of size which is greater than the 
dimensions would indicate. The concert studio in Glasgow is 
also unusually high, and here again the subjective impression of 
spaciousness is very noticeable. Generally speaking, there is no 
evidence that the dimensions of large studios or concert halls 


‘ require to have any special relative proportions. It is sufficient 


that the plan should not be too square and that the height should 
be more than about one-half the smaller plan dimension. 


(5.2) Absorption 
In large enclosures such as concert studios and halls the only 
absorption necessary is at low and medium frequencies because 
air attenuation and the audience produce more high-frequency 


, absorption than is usually desired. In most recent B.B.C. designs 


the low- and medium-frequency absorption has been obtained 
by the use of membrane absorbers, as described elsewherce.!! 
These are shown in Fig. 10 in the large B.B.C. studio at Maida 
Vale. The rectangular form of these absorbers is also an advan- 
tage in obtaining good diffusion. In accordance with the normal 
practice in the traditional concert hall, absorption in the form 
of choir seats is placed behind the orchestra—as shown in the 
Figure. Fig. 11 is a photograph of the concert studio in Glasgow. 
As there is no seating for a choir in this studio it has been 
necessary to apply absorption to the vertical surfaces immediately 
behind the orchestra to produce a similar effect. Originally this 
studio did not have absorption behind the orchestra, and its 
introduction has therefore provided a useful confirmation of 
the fact that absorption behind the brass and percussion instru- 
ments is highly desirable. To enable the members of the orchestra 
to hear themselves playing, parallel surfaces on either side have 
been left reflecting. 
(5.3) Diffusion 

The need for excellent diffusion in concert studios has already 
been discussed. There is evidence to indicate that the most 
important surface in a concert studio on which to apply diffusers 
is the ceiling, but this does not mean that the wall surfaces 
should not also receive treatment. This opinion is based on 
the fact that in many of the old concert halls of the Leipzig type 
the ceiling was more elaborately ornamented than the walls, 
and in the concert studio in Glasgow this also applies, apparently 
with good results. Although considerable diffusion is necessary, 
it is an advantage to place small parallel reflecting surfaces on 
either side of the orchestra, as was often done in old concert halls, 
because this enables the performers to hear each other easily. 

The methods of obtaining diffusion in Maida Vale are 
interesting. It would have been desirable to put most of the 
scattering surfaces on the ceiling, but this old studio, built in 
1935, was of such a construction that the heavy mass of the 
absorbers could not be carried by the ceiling and therefore it 
had to be accommodated on the walls. A few light diffusers, 
however, were placed on the ceiling to break up some large 
flat areas. 


(6) SOME TYPICAL ORCHESTRAL STUDIOS 


In this Section a brief description will be given of a few of the 
larger B.B.C. music studios which have been built or acoustically 
retreated since the war. 


(6.1) Maida Vale, Studio 1 
Some of the design details of Maida Vale, Studio 1, have been 
described in Section 5. This studio, being built inside an existing 
shell, was restricted in height to 25ft. Its volume is 220000ft? 
and its mean reverberation time with an orchestra is 1-8sec. 
The main roof structure tends to absorb fairly strongly between 
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100 and 150¢/s, resulting in a slight subjective deficiency of bass. 
Diffusion is effective and definition is good. Tonal quality is 
usually regarded as excellent. 


(6.2) Glasgow, Studio 1 


Like the Maida Vale studio, Glasgow, Studio 1, is rectangular 
but though the volume (180000 ft) is less, it has the greater height 
of 40ft. The reverberation time is 1-7sec, sloping gradually up 
from a broad minimum of 1°4sec at 125c/s. The distribution of 
absorbing material has been described in Section 5; there is little 
scattering except on the ceiling. It will accommodate an orchestra 
of 65-70 players without any adverse effect on the acoustics. 
The tonal quality is rather brighter than that of Maida Vale, 
owing to a better maintenance of the reverberation time at high 
frequencies. The definition is extremely good, and the studio 
gives an aural impression of considerable size which may be 
connected with the unusual height in relation to the length of 
80ft and width of 57ft. The main construction is of stone and 
heavy brickwork, but low-frequency absorption is provided by 
a high dado of wood panelling which runs round the studio, a 
wood-strip floor and a plaster ceiling. 


(6.3) Swansea, Studio 1 


Swansea, Studio 1, has been fully described by Ward.'? It 
is rectangular with a height only slightly less than the width. 
The volume is 36000ft? and the mean reverberation time is 
1-3sec. The studio was entirely rebuilt in 1952 after the war, 
having suffered extensive damage, and considerable latitude 
was possible in choosing the construction and acoustic treat- 
ment. Diffusion and bass absorption are obtained by the use 
of large numbers of line arrays of Helmholtz resonator absorbers 
in the form of rectangular hollow plaster castings applied to the 
wall surfaces. The ceiling is relieved with deep frames carrying 
porous absorbers covered with perforated plasterboard. 


Diffusion and definition are good and the tone has a charac- 
teristic warmth. 


Fig. 10.—B.B.C. Concert Studio, Maida Vale. 
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Fig. 11.—B.B.C. Concert Studio, Glasgow. 


(6.4) Cardiff, Charles Street Studio 


The Charles Street Studio, Cardiff, was formed from an 
existing church hall which had rendered brick walls pierced with 
large windows. It has a pitched timber roof and the space above 
the main roof trusses has been closed with a false ceiling. The 
remaining sloping soffits have been partly lined with glass wool 
covered with perforated hardboard. Generally, the wall and 
ceiling surfaces are fairly smooth with few scattering features. 
The reverberation time, averaging 1-3sec, is rather long for the 
volume of 43000 ft? and increases to 1-7sec at 2000c/s. String 
tone is acceptable but definition is not very good, the bass in par- 
ticular being insufficiently clear. Originally it was found neces- 
sary in playing to keep the tympani and brass down, but placing 
absorbing screens immediately behind these instruments largely 
cured the condition. It appears that the main defects are due to 
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a rather low ceiling, lack of diffusion and too little absorption 
behind the orchestra. 


- (6.5) The Farringdon Hall, London 


The Farringdon Hall, situated near Ludgate Circus in London, 
was put into use as a studio in 1951, almost without alteration. 
It has stone walls and a pitched timber roof rising to a height of 
41 ft above the floor. Diffusion is improved by a balcony, the 
roof timbers and much decoration. The reverberation time, 
which averages 1-Ssec with a symphony orchestra, is about 
correct for the volume of 113000ft?. It will accommodate the 
full B.B.C. Symphony Orchestra without giving the impression 
of being much too small, and the sense of spaciousness is com- 
parable with that of the Maida Vale studio, which is approxi- 
mately twice the volume. The definition and tone quality are 
both good, and the performance of this studio lends support to 
the impression that the height of a music studio should be little 
less than its width. 


(7) SOUND DISTRIBUTION IN CONCERT HALLS 


In many concert halls the distribution of sound in the audi- 
torium is not uniform, and hence, in certain seats, the audience 
finds it difficult to hear all parts of the score. This defect is 
usually associated with standing waves, and therefore the sound 
is characterized by irregular frequency response. Furthermore, 
in many concert halls with deep balconies, listening conditions 
are often very poor underneath the balconies because the seats 
are badly screened. 

It has been known for many years in connection with broad- 
casting studios that the best way to get a uniform sound distribu- 
tion is to use scattering surfaces to produce diffusion. These 
surfaces take the form of irregularities, cylindrical forms being 
the most widely used in broadcasting. Observations have shown 
that, in all the good concert halls, uniform sound distribution is 
one of the very noticeable characteristics, and this always appears 
to be allied to the use of elaborate ornamentation, particularly 
on the ceiling. 

‘It was the observation of good diffusion and richer tonal 
quality in studios and halls with rectangular coffering that led to 
an investigation by Somerville and Ward'? which showed that 
a rectangular form is more efficient for diffusion than either 
cylindrical or triangular forms. This finding has since been 
substantiated by other workers'*'5 but requires qualification. 
At high frequencies, at which the dimensions of the diffuser 
are large compared with the wavelength and reficction is 
specular, spherical and cylindrical surfaces are more effective 
than rectangular. It is, however, at medium and low frequencies 
that the greatest difficulty is experienced in obtaining sufficient 
diffusion because the dimensions of the diffusers are small com- 
pared with the wavelength. In these circumstances specular 
reflection is impossible and the important factor is the perturba- 
tion of the boundary surfaces. The maximum perturbation for 
given dimensions of the diffuser is produced by a rectangular 
form. 

One of the principal reasons given® for the use of reflectors 
in modern concert halls is to increase the sound intensity in rear 
seats, particularly under balconies where screening is scrious. 
There is no doubt that the direct sound is increased at the rear 
and under balconies by reflectors, but, because the sound strikes 
the audience before the sound energy can be built up, the 
reverberant sound is lacking. The high proportion of direct 
sound also appears to cause an impression of deadness even if 
the measured reverberation time is adequate. 

The authors have recently measured the sound intensity at 
various points in a number of concert halls to try to find out 
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whether reflectors are effective for the purpose for which they 
were designed. In each hall, measurements were made with a 
microphone placed close behind the conductor and with other 
microphones placed at positions to the rear of the auditorium. 
Direct measurements are possible at a rehearsal, but with an 
audience present this is very difficult, and therefore the procedure 
adopted was to make simultaneous recordings of the front 
microphone and one of the others. The microphones were 
previously calibrated. Subsequently the recordings were analysed 
with a level recorder to produce a chart of the type shown in 
Fig. 12. Analysis gave the results shown in Figs. 13, 14, 15, 
16 and 17. It will be seen that, as regards sound distribution, 
the Royal Festival Hall is the least satisfactory, and that there 
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Fig. 12.—Typical level-recorder traces, showing the differences between 
the levels in three microphone positions. 
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Fig. 13.—Sound-level differences between front and rear seats, Free 
Trade Hall, Manchester. 
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Fig. 14.—Sound-level differences between front and rear seats, 
Liverpool Philharmonic Hall. 
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Fig. 15.—Sound-level differences between front and rear seats, 
St. Andrew’s Hall, Glasgow. 
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Fig. 19.—Effect of audience on sound-level difference between front 
and back, Liverpool Philharmonic Hall. 
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Fig. 16.—Sound-level differences between front and rear seats, 
Usher Hall, Edinburgh. 
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Fig. 20.—Effect of audience on sound-level difference between front 
back, St. Andrew’s Hall, Glasgow. 
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Fig. 17.—Sound-level differences between front and rear seats, 
Royal Festival Hall, London. 
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Fig. 21.—Effect of audience on sound-level difference between front 
and back, Usher Hall, Edinburgh. 
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Fig. 18.—Effect of audience on sound-level difference between front 
and back, Free Trade Hall, Manchester. 
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Fig. 22.—Effect of audience on sound-level difference between front - 
and back, Royal Festival Hall, London. 
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is not much to choose between any of the others. Although the 
Royal Festival Hall has indeed the largest volume of the halls 
investigated, its length of 144 ft from centre stage to the extreme 
rear is no greater than that of St. Andrew's Hall (144 ft) and 
slightly less than that of the Liverpool Philharmonic Hall (148 ft). 
The other two halls are slightly shorter. The cffect of the audience 
is shown in Figs. 18, 19, 20, 21 and 22. As would be expected, 
the differences duc to the audience are most marked in the case 
of St. Andrew’s Hall, where the seating 1s very old and somewhat 
austere.* The results of these experiments fail to substantiate 
the claims made for reficctors. Bearing in mind that the lack 
of diffusion in halls with reflectors results in hard tonal quality and 
also produces the effect of masking by the powerful instruments, 
it is clear that the use of reflectors is not to be recommended. 


(8) AURAL ASSESSMENT 

Although much experience has been gained in the design of 
large auditoria and broadcasting studios, the only method of 
measurement on which there has been reasonable agreement is 
that of reverberation time. Using reverberation time as the 
objective criterion, there have been considerable variations 
reported by many workers, and in 1936 Kirke and Howe!'® 
published details of an experiment in which the B.B.C. con- 
structed two studios identical in volume and _ reverberation 
time, but with different interior treatments. The fact that these 
studios differed considerably in acoustic properties as judged 
subjectively demonstrates convincingly that reverberation time 
may be inadequate as a criterion. Consequently, workers in the 
field of acoustics have to rely very much on the opinions of 
critical listeners who are able to assess acoustic characteristics 
without odjective assistance. 

Skilled observers can detect the effects of poor diffusion and 
can hear the harsh tone produced by sound decays which are 
not smooth. Much can be learnt about an auditorium by closing 
one ear and moving around. If diffusion is good, there will be 
little variation in the sound field and it should be possible to hear 
all the parts in an orchestra. However, if the diffusion is not 
good and therefore pronounced standing waves exist, con- 
siderable variation will be observed. With monaural hearing 
the normal directional properties are inhibited and acoustic 
faults are emphasized. This, of course, is the condition in a 
broadcasting studio or concert hall when a microphone is being 
used, and is the reason for the difficulty in obtaining acoustics 
good enough for broadcasting. 


(9) SUBJECTIVE COMPARISONS AND CORRELATION WITH 
OBJECTIVE MEASUREMENTS 
(9.1) British Investigations 

In 1952, Parkin, Scholes and Derbyshire* described a subjective 
investigation on the acoustic properties of a number of British 
concert halls by means of a questionnaire sent to well-known 
people in the world of music. This investigation showed that 
the subjects who knew all the concert halls considered that the 
Liverpool Philharmonic Hall was better than St. Andrew’s Hall, 
Glasgow, and Usher Hall, Edinburgh, less good than either. At 
the time of this investigation the Royal Festival Hall had not been 
built. At a later date a B.B.C. investigation was carried out!” 
using recordings of the same work in a number of concert halls. 
The preference in this case was for St. Andrew's Hall, with the 
Royal Festival Hall second and Usher Hall third; it was not 
possible to include the Liverpool Philharmonic Hall. In this 
investigation the only group of subjects giving significantly con- 
cordant answers were specialists skilled in balancing or criticizing 
musical programmes. Engineers, performing musicians and the 


* Recently this hall has been reseated and redecorated, but information on the 
effects is not yet available. 
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general public were Iess concordant. In 1953, Parkin, Allen, 
Purkis and Scholes, in describing the acoustics of the Roya- 
Festival Hall,® expressed a similar opinion. Onc of the conclu- 
sions of the B.B.C. investigation is of interest: 


It is disappointing, although not unexpected, that the general 
public is quite unable to produce significant results, for the skilled 
listeners employed in this investigation, in common with the subjects 
used in Parkin’s investigation, must necessarily form a small per- 
centage of any concert audience. 


(9.2) German Investigations 


Recently W. Kuhl!’ has endeavoured to find the preferred 
reverberation time for broadcast programmes by making record- 
ings in many concert halls and studios in Germany. He has 
produced some surprising results in that the preferred reverbera- 
tion time for modern music 1s found to be as short as 1-Ssec. 
B.B.C. experience during the last ten years is not in agreement 
with this view, which conflicts also with all previously published 
estimates of optimum reverberation times for large concert halls. 
Provided that the usual criteria for good design have been 
observed, it is normal practice to perform modern and romantic 
music in studios with reverberation times lying between 1-7 and 
1-9sec, and no difficulty is experienced either in performance or 
microphone placing. 

In making recordings for the comparison of concert halls 
certain precautions must be observed. These have been described 
in a paper by one of the authors.'? The same type of microphone 
should be used for each performance, and the microphone 
positioning should not be left to the normal broadcasting per- 
sonnel. The professional operator will endeavour to obtain the 
best possible result, as he should for a broadcast, but in the 
process he may produce a balance which conceals acoustic faults 
of the hall. In fact, the result will be coloured by his own 
subjective judgment. If the acoustics present difficulty the 
inevitable procedure is to place the microphone, or microphones, 
close to the orchestra, thereby reducing the effective reverberation 
time. Therefore in the B.B.C. experiments every precaution 
was taken to ensure that the recorded result was characteristic of 
the hall. The same three observers co-operated in the micro- 
phone placing in each hall and they were not the operators 
accustomed to the halls. Their terms of reference were to 
produce a balance characteristic of the concert hall, which is not 
necessarily coincident with the best broadcast quality. It is 
necessary to standardize the monitoring conditions, which is 
done by using an acoustically treated van, and listening in every 
case at the same loudness, established by measurement, since a 
level change would alter the relationship between the loudness 
of different parts of the musical scale. Similarly, in repro- 
duction, standard listening conditions are essential as regards 
acoustics, equipment and listening level, which should be that 
used in the original monitoring. 

During the subjective tests it was found that the opinions of 
subjects could be altered completely by changing the loudness 
at which they listened. This was done experimentally and the 
results were published in the previous paper. The final evalua- 
tion was carried out only with opinions expressed when listening 
at the same loudness as had been used for the original monitoring. 
Since the position of the microphone depends on the loudspeaker 
used for monitoring,'? the same microphone and loudspeaker 
were used throughout. 

In Kuhl’s investigation, the recordings used for the subjective 
assessments were taken from a microphone placed by an 
experienced broadcasting engineer to give the best reproduced 
results, the only restriction being a minimum distance of 5 metres 
from the nearest instrument. His findings cannot therefore be 
held to apply to concert halls used as such. It is not stated 
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whether the necessary precautions in connection with the listening 
tests, as outlined above, were observed. 

A further experiment has been conducted by Reichardt, 
Kohlsdorf and Mutscher,?° using a method of assessment of the 
subjective results similar to that of Kuhl. The music consisted 
of string music, light opera and film scores recorded in the rather 
dead Unter den Linden Opera House, Berlin. Reverberation 
was added by the use of an ‘echo room’, and the effective 
reverberation times preferred by the subjects varied from 1-2 to 
1-6sec. In view of the poor quality of the reverberant sound in 
an ‘echo room’ of only 53m}, however, it is indeed surprising 
that the subjects would tolerate the addition of even moderate 
proportions of reverberation.. The experiment, therefore, gave 
no information about optimum reverberation time under good 
concert-hall conditions. 

In Fig. 2 is drawn the B.B.C.’s optimum reverberation curve, 
based on past experience; deviations upward from the indicated 
values are possible if other aspects of the acoustics are good, but 
times very much shorter are not generally associated with good 
orchestral quality. 


(9.3) An Empirical Acoustic Criterion 
One of the authors has already published details of an objective 
criterion?! which gives reasonable agreement with subjective 


CRITERION NUMBER 


i 1 
1 2 
REVERBERATION TIME, SECONDS 


of 


Fig. 23.—Empirical acoustic criterion. 


Subjective grading: 
x Good acoustics. 
0 Passable acoustics. 
O Bad acoustics. 
Reverberation times with no orchestra or audience: 
1. London, Broadcasting House, Concert Hall. 
2. Manchester, Milton Hail. 
3. Belfast, Studio 1. 
4. Glasgow, Studio 2. 
5. Glasgow, Studio 1. 
6. London, Maida Vale, Studio 1. 
7. Bristol, Colston Hall. 
8. Manchester, Free Trade Hall. 
9. London, Royal Festival Hall. 
0. Liverpool, Philharmonic Hall. 
1. Edinburgh, Usher Hall. 
2. London, Maida Vale, Studio 5. 
3. London, Camden Theatre. 
4. London, Critcrion Studio. 
5. London, Paris Studio. 
16. Birmingham, Studio 4. 
17. Birmingham, Vestry Hall. 
18. Belfast, Studio 8. 
19. Manchester, Studio 1. 
20. Edinburgh, Studio 1. 
21. Glasgow, St. Andrew’s Hall. 
22. Bristol, Studio 1. 
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assessments. Further work has since been carried out to extend 

the criterion by obtaining the opinions of a large number of 

subjects, and a paper was read at the Second International 

Congress on Acoustics at Cambridge, Massachusetts, in June, 

1956. The paper will be published in Acustica in March, 1957. 
The criterion number is given by the equation 


X’ = (D + 0-332R)/(1-64 + 1-542T,,) 


where D = Parameter measuring the irregularity of decays. 
R = Parameter measuring the irregularity of the rever- 
beration-time/frequency characteristic. 
T,, = Mean reverberation time. 


The details of the derivation of these parameters are described 
in the first paper.2' . The results are plotted in Fig. 23. In this 
Figure the subjective assessment of the“ various enclosures is 
indicated, and it will be seen that agreement between the objective 
criterion and the subjective assessment is good. 


(10) CONCLUSIONS 

In the paper an attempt has been made to crystallize the results 
of subjective and objective experiment and of observation over 
the last ten years or so. The subject under investigation is purely 
aesthetic and therefore must begin and end with human aesthetic 
judgments. The difficulty of obtaining concordant judgments 
has already been remarked upon, and most previous investiga- 
tions have been limited in their validity by this difficulty. The 
B.B.C. is fortunate in having available a large number of people 
who are professionally employed in capacities requiring accurate 
auditory memories (a rather uncommon gift) and consistent 
aesthetic judgment. Much use has been made of their opinions 
in comparing concert halls and studios, and the judgments of 
music critics, particularly in connection with the new concert 
halls, have been followed over a long period. 

The modern type of concert hall, characterized by a fan- 
shaped plan with a reflector over the stage, splays at the side 
and a concave ceiling, all designed to provide strong first reflec- 
tions to reinforce the direct sound, has serious disadvantages 
from the aesthetic point of view. The tonal quality is generally 
unsatisfactory, and although there is a first impression of ‘clear’ 
definition owing to the high level of direct relative to reverberant 
sound, this is largely illusory as inner parts of the score tend to 
disappear in loud passages. 

In most but not all the newer concert halls reviewed, the harsh 
tone is also associated with a short reverberation time. The 
reverberation time of most new halls is less than is desirable and 
in some halls less than the designers intended. This should be 
taken into consideration in future designs. 

The use of reflecting surfaces to project sound away from the 
orchestra introduces bass masking even if the low-frequency 
reverberation time of the hall is not excessive. The effect of this 
is noticed in most modern halls as a deterioration of definition in 
loud passages. 

Quite apart from these disadvantages of the ‘sound reinforcing’ 
type of enclosure, it has been shown also that the use of reflectors 
and similar devices has not resulted in any increase in the sound 
level at the back of the hall as compared with existing halls of 
traditional shape. This failure to achieve their original object is 
explained by the rapid absorption of direct and once-reflected 
sound by the audience areas and consequent reduction of the 
reverberant-energy contribution. 

It will be clear from the progress of modern design from the 


Salle Pleyel onwards that concert-hall designers have found it 


necessary to discard, one by one, the principles adopted in its 
design, and the authors are convinced that no justification exists 
for further experiments of this kind. 
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For future concert halls, architects must-revert to forms of 
design which are modern realizations of the features which com- 
bined to give the fine tonal quality and clear -definition of the 
best of the traditional halls. 

These features are the provision of adequate scattering, 
absence of deliberate reinforcements of the direct sound, ample 
height and an adequate reverberation time. 
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Acoustoelectronic Auditorium 
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The term “acoustoelectronic auditorium” is used to designate an auditorium complex incorporating an 
integrated design of the room acoustics with the sound reinforcing apparatus. Under these conditions, the 
acoustic characteristics of the electronic sound system are coordinated and correlated with the. acoustics 
of the enclosure. The features of the acoustoelectronic auditorium are as follows: an enclosure providing a 
large stage, a low ceiling and a seating capacity of 300; sound reinforcing apparatus consisting of the fol- 
lowing features: concealed and fixed stage microphones, concealed and fixed auditorium loudspeakers, and 


a delay system. 


INTRODUCTION 


OUND reinforcing systems are almost universally 
employed for reinforcing speech and music in all 
types of rooms and auditoriums. Operational experience 
has established that these systems are an absolute re- 
quirement for overcoming the inadequate acoustical 
characteristics of the enclosures. For example, in the 
case of large auditoriums, sound reinforcing systems are 
a necessity because the speech power of the speaker 
alone is inadequate to provide a satisfactory listening 
level. In the case of small rooms, sound reinforcing is 
required to override the poor acoustical characteristics 
of the room in the form of a high ambient noise level and 
excessive reverberation time. In general, very little con- 
sideration is given to the application of sound systems 
in rooms and auditoriums when the structures are in the 
design stage. The usual procedure is to design and build 
the structure and then suddenly find that the acoustics 
of the enclosure require the addition of a sound rein- 
forcing system. As a consequence, the application of the 
sound system becomes a crash project. The net result is 
a sound reinforcing system which is not coordinated 
with the acoustics and architecture of the enclosure. 
The over-all performance of the auditorium and sound 
system is not as good as it would have been had the 
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Fic. 1. Plan and elevation views of the acousto- 
electronic auditorium. 


design of the elements of the entire acoustical project 
been coordinated. Obviously, the logical procedure is to 
design the auditorium and sound reinforcing apparatus 
as an integrated system. When this is done, the acoustics 
of the electronic sound system can be coordinated and 
correlated with the acoustics of the enclosure. The sys- 
tem which results from this procedure may be termed an 
acoustoelectronic auditorium. In this connection, it is 
the purpose of this paper to describe an acoustoelec- 
tronic auditorium that has been designed as a part of 
the RCA Laboratories. 


GENERAL CONSIDERATIONS 


The utilitarian specifications of an auditorium for the 
RCA Laboratories were as follows: a seating area of 
2000 sq ft for a seating capacity of 300 persons on non- 
fixed collapsible chairs, a stage with dimensions of 42 ft 
in width and 13 ft in depth, and a minimum height of 
the auditorium of 11 ft. To conserve space and reduce 
cost, it was desirable to confine the height of the audi- 
torium to the minimum of 11 ft. Satisfactory sound level 
over the entire audience area can be obtained in an 
auditorium with this very low ceiling height if a sound 
reinforcing system is employed. Another specification 
was a stage sound pickup system which does not require 
the wearing of a personal microphone. Appearance is an 
important consideration in the design of an auditorium. 
Therefore, it was decided that the electroacoustic ele- 
ments should be concealed so that they could not be 
seen. Furthermore, the performance of the sound system 
should be such that it would provide natural sound re- 
production from the standpoints of sound level, fre- 
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Fic. 2. Reverberation time-frequency characteristic of the 
acoustoelectronic auditorium. 
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quency range, and sound distribution. A further re- 
quirement was that the sound system should perform 
without a monitor man in attendance 

The shape, dimensions, acoustics, and the electronics 
of an acoustoelectronic auditorium satisfying the speci- 
fications and requirements outlined in the foregoing are 
shown in Fig. 1. Sound treatment is provided on all the 
walls and ceiling. The stage floor is carpeted for sound 
absorption and footstep noise reduction. The sound ab- 
sorption was selected to permit a reverberation time of 
0.6 sec in the mid-frequency range. This amount of 
sound absorption results in adequate ratios of direct to 
reflected sound for the original sound at the micro- 
phones and for the sound reproduced by the loud- 
speakers at the listener. Six microphones are located 
behind a perforated ceiling to provide uniform sound 
pickup from the speaker at any location on the stage. 
Twenty loudspeakers are located behind perforated 
sections of the ceiling to supply complete reproduced 
sound coverage of the audience area. A delay system is 
introduced between the microphones and the loud- 
speakers in the auditorium and leads to improved in- 
telligibility and the illusion of realism in reproduced 
sound. Loudspeakers are also provided in the back stage 
and control room. Details of the acoustoelectronic audi- 
torium are described in the sections which follow. 


ACOUSTICS OF THE AUDITORIUM 


Plan and elevation views of the auditorium are shown 
in Fig. 1. The sound absorbing material for the ceiling 
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consists of perforated steel sheet and mineral fiber pads 
2 in. in thickness. Spacing of about 2 ft between the 
acoustical material and the masonry roof improves the 
sound absorption in the low-frequency range. The 
sound-absorbing material for the side walls consists of 
perforated asbestos board and mineral fiber pads 2 in. 
in thickness. Three-inch spacing between the acoustical 
wall material and the masonry wall improves the sound 
absorption in the low-frequency range. The broadloom 
carpet for the stage is laid on }-in. hair felt. The surfaces 
of the back wall are inclined at two different angles to 
reduce specular reflection from the back wall. The abuse 
resistant wainscot of asbestos board is mounted so that 
the panels may vibrate to provide low-frequency ab- 
sorption. Vibration damping for the panels is provided 
by mineral fiber pads 2 in. in thickness placed behind 
the panels. The floor of the audience area of the audi- 
torium consists of asphalt tile on a concrete floor. A 
smoothed out reverberation frequency characteristic of 
the auditorium is shown in Fig. 2. The reverberation 
frequency characteristic of Fig. 2 agrees with the gen- 
erally accepted optimum recommended characteristics 
for an enclosure of this volume. 

The main walls, ceiling, and floor are constructed of 
heavy masonry. The average transmission loss provided 
by these walls is 55 db. The noise level in the adjoining 
rooms is relatively low. As a result of the large reduction 
provided by the walls and the low noise of the adjacent 
rooms, the ambient noise level in the auditorium without 
an audience is only 30 db. 
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Fic. 3. Plan and ele- 
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Fic, 4. Schematic diagram of the sound reinforcing system of the acoustoelectronic auditorium. 


ELECTRONIC SOUND REINFORCING SYSTEM 


Schematic diagrams of the electronic sound reinforc- 
ing system are shown in Figs. 3 and 4. Sound on the 
stage up by means of six bigradient microphones. Each 
microphone is coupled to a preamplifier which in turn is 
coupled to an attenuator. The output of the bank of six 
attenuators is connected to a common power amplifier. 
The output of the power amplifier is fed to a bank of 
seven attenuators. The output of each attenuator is 
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Fic. 5. Sectional view of the microphone trough. 


connected to a low power amplifier. Two of the low 
power amplifiers are coupled directly to separate power 
amplifiers. One of the power amplifiers is coupled to the 
three loudspeakers in the control room and the other is 
coupled to the two loudspeakers in the back room. Five 
of the low power amplifiers are connected to the remain- 
ing power amplifiers through a delay system. The output 
of the five power amplificrs is fed to the five banks of 
loudspeakers in the auditorium, The delay in each link 
is about 10 msec greater than the transit time of the 
sound in air to each bank of loudspeakers. By the intro- 


Fic. 6. A photograph of the RCA BK10 bigradient 
uniaxial microphone. 
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duction of progressive delay to each transverse bank of 
loudspeakers the first sound which the listener hears is 
the direct sound from the original source of sound on the 
stage. Experiments have shown that the apparent source 
of a series of sound sources carrying the same informa- 
tion is determined by the first sound which the listener 
hears. Therefore, under the foregoing conditions the 
sound will always appear to come from the stage. 

The microphones used to pick up the sound are 
located behind a perforated metal screen which con- 
stitutes the ceiling. The microphones are located in a 
trough constructed of Ozite. A sectional view of the 
microphone and acoustical material arrangement is 
shown in Fig. 5. Six RCA BK10 bigradient uniaxial 
microphones! are located in two troughs as shown in 
Fig. 3. A photograph of the RCA BK10 bigradient 
uniaxial microphone is shown in Fig. 6. 

The response frequency characteristics of the BK10 
microphone for sound incident at angles of 0°, 45°, 673°, 
90°, and 180° with respect to the axis of the bigradient 
uniaxial microphone are shown in Fig. 7. These char- 
acteristics show that there is very little frequency dis- 
crimination over the useful pickup angle of the 
microphone. 

The polar directional patterns of the BK10 micro- 
phone for 200, 1000, and 40C0 cy are shown in Fig. 8. 
These directivity patterns and the response frequency 
characteristics of Fig. 7 show that there is a high order 
of discrimination for the sides and the rear hemisphere 
in the mid- and low-frequency ranges. Practically all of 
the difficulty due to reverberant and other undesirable 
sounds occurs in the region below 2000 cy. The operation 
shifts from the two uniaxial microphones in second-order 
gradient operation to the single uniaxial microphone in 
first-order operation in going from the low-frequency 
range to the high-frequency range. If it were desirable, 
a microphone with a sharper directivity pattern in the 
high-frequency region could be developed employing 
diffraction phenomena. In this connection, in actual 
operation the broader directivity pattern in the high- 
frequency range does not appear to be an objectionable 
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1 Olson, Preston, and Bleazey, RCA Rev. 17, 522 (1956). 
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2H. F. Olson and J. Preston, Radio and Television News 51, 69 (1954). 
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Fic. 7. Response frequency characteristics of the RCA BK10 
bigradient uniaxial microphone for sound incident at angles of 0°, 
45°, 673°, 90°, and 180°, with respect to the cylindrical axis of the 
microphone. 


feature. As a matter of fact, it appears to be desirable 
because it adds a tinge of brightness in the reproduced 
sound. 

The measured response of the RCA BK10 bigradient 
uniaxial microphone to random sounds in the frequency 
range below 2000 cy is } that of a nondirectional micro- 
phone. The increased directional efficiency makes it 
possible to employ a pickup distance three times that 
of a nondirectional microphone and 1.7 times that of a 
unidirectional microphone with a cardioid directional 
pattern. 

The high directivity exhibited by the BK10 micro- 
phone provides adequate discrimination against un- 
wanted sounds so that the desired sound can be picked 
up over the relatively large pickup distance. A con- 
sideration of the directivity pattern of the microphone 
shown in Fig. 8 and the height of the microphone above 
the sound source plane shows that each microphone will 
cover an area of about 100 sq ft. Therefore, six micro- 
phones will cover the entire stage area. 

Each of the loudspeakers used to reproduce the sound 
is located behind a square foot section of perforated 
metal ceiling surface identical to that used for the 
covering of the absorbing material. See Fig. 3. A sec- 
tional view of the loudspeaker arrangement consisting 
of the RCA SL-12 loudspeaker? mounted in a cabinet 


Fic. 8. Polar direc- 
tional patterns of the 
RCA BK10 bigradient 
uniaxial microphone for 
200, 1000, and 4000 cy. 
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LOUDSPEAKER 


FRONT View 


Fic. 9. Sectional view of the cabinet for the 
RCA SL12 loudspeaker. 


of 6 cu ft with the front of the loudspeaker covered by 
perforated metal is shown in Fig. 9. The cabinet is lined 
with Ozite 1 in. in thickness to provide damping of the 
cabinet volume. The response frequency characteristics 
of the SL-12 loudspeaker mounted in the cabinet of 
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Fic. 10. Response frequency characteristics of the RCA SL12 
loudspeaker mounted in the cabinet of Fig. 9: A—without the 

rforated screen in front of the loudspeaker; B—with the per- 
‘orated screen in front of the loudspeaker. 


Fig. 9 with and without the perforated metal in front 
of the loudspeakers are shown in Fig. 10. These char- 
acteristics show that the loudspeaker covers the fre- 
quency range from 50 to 15000 cy. The attenuation 
introduced by the perforated metal is negligible. The 
polar directional patterns of the RCA SL-12 loud- 
speaker for the frequencies 500, 1000, 5000, and 10 000 
cycles are shown in Fig. 11. A consideration of the 
directivity pattern of the SL-12 loudspeaker shown in 
Fig. 11 and the height of the loudspeaker above the 
listening plane shows that each loudspeaker will cover 
an area of about 80 sq ft. Therefore, 20 loudspeakers 
will cover the active listening area of the auditorium. 
As mentioned in the foregoing, experiments’ have 
shown, that if there are several separated sources of 
sound identical in content and amplitude (or a variation 
in amplitude) within limits but displaced with respect 
to time, the sound appears to come from the source 
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Fic. 11. Polar directional patterns of the RCA SL12 loudspeaker for 500, 1000, 5000, 10 000 cy. 


3H. F. Olson, Acoustical Engineering (D. Van Nostrand Company, Inc., Princeton, New Jersey, 1957). 
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Fic. 12. Schematic diagram of the sound reinforcing system of the acoustoelectronic auditorium employing two delay systems. 
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which leads in time. For example, if the delay is 10 to 
25 msec, the sound level of the delayed sound must be 
more than 10 db higher than the undelayed sound before 
the source appears to be the delayed sound. Thus, if the 
appropriate delay is introduced in the reproduced sound, 
the source will appear to be the original source of sound. 
Besides an improvement in the illusion of the repro- 
duced sound when delay is introduced, there is also an 
improvement in the intelligibility. 

DELAYED 
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Fic. 13. Schematic diagram of the magnetic tape delay system. 


An examination of Fig. 4 reveals that there is a delay 
system in each of the five channels feeding the five rows 


- of loudspeakers in the auditorium. The delay time in 


each of these channels should be greater than the dif- 
ference between the transit time of the original sound 
to listener and the reproduced sound to the listener. 
This difference should be about 5 to 25 msec. It happens 
that the difference between the original and reproduced 
sound for the bank of loudspeakers nearest to the stage 
is more than 5 msec. Therefore, a delay is not required 
in this channel. Furthermore, one delay can be used for 
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Fic. 14. Schematic diagram of the acoustic delay system. 
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Fic. 15. Schematic diagrams of the monophonic and stereo- 
phonic magnetic tape and disk phonograph reproducing systems 
used in the acoustoelectronic auditorium. 


channels 2 and 3 and another delay for channels 4 and 
5 and still remain within the limits of 5 to 25 msec be- 
tween original sound and reproduced sound. The delay 
systems are introduced in the complete-sound reproduc- 
ing system as shown in Fig. 12. 

Two different types of delay systems have been em- 
ployed for providing the delay, namely, a magnetic tape 
reproducer with spaced recording and reproducing heads 
and an acoustic delay consisting of a loudspeaker 
coupled to a pipe with microphones spaced along the 
pipe. 

The magnetic tape delay system is shown in Fig. 13. 
It is essentially a magnetic reproducing system with two 
reproducing channels with the reproducing magnetic 
heads separated from the recording head. The delays 
required for channels 2 and 3 and channels 4 and 5 are 
40 and 60 msec, respectively. The tape speed is 30 in./ 
sec. Therefore, the two reproduce heads are spaced 1.2 
and 1.8 in. from the record head to provide the desired 
delay. 

The acoustic delay system is shown in Fig. 14. A horn 
loudspeaker mechanism is coupled to a pipe. Two ribbon 


Fic. 16. A photograph of the stage section of the 
electroacoustic auditorium. 


type microphones are located in the pipe and reproduce 
the sound which is transmitted down the pipe. For 
delays of 40 and 60 msec for channels 2 and 3 and 4 and 
5 require a spacing of the microphone units from the 
loudspeaker mechanism of 44 ft and 66 ft, respectively. 
Considerable high-frequency compensation is required 
to overcome the attenuation in the pipe. However, due 
to the small sound power required for obtaining a high 
sound pressure in a pipe, the frequency compensation 
is not a difficult problem. The advantage of the acoustic 
delay system is the relatively high signal-to-noise ratio. 

Monophonic and stereophonic disk phonograph and 
magnetic tape reproducers are provided for the repro- 
duction of disk and magnetic tape records (Fig. 15). 
Monophonic sound is reproduced through the audi- 
torium sound system. Stereophonic sound is reproduced 
through two RCA LC1A loudspeakers located on the 


Fic. 17. A photograph of the control room of the 
acoustoelectronic auditorium. 


A photograph of the auditorium with the nonfixed 
collapsible upholstered chairs is shown in Fig. 16. A 
picture screen and blackboard are provided at the rear 
of the stage. The lighting is completely flexible in that 
any of the lights may be selected with a variable degree 
of illumination. A photograph of the control room show- 
ing the tape and disk reproducers, the amplifiers, slide 
projectors, lighting control, and the sound monitoring 
console is shown in Fig. 17, The sound monitoring con- 
sole provides means for implementing all the functions 
of the entire sound reproducing system complex. 


OPERATION AND PERFORMANCE 


The sound reinforcing system is operated so that the 
sound level in the seating area is about equal to the 
direct sound from the person speaking at a distance of 
3 ft. The speaker can be picked up over the entire area 
of the stage with no appreciable variation in level or 
quality. The convenience and mobility afforded by not 
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having to wear a personal microphone are outstanding 
and desirable features. Continuous manual monitoring 
is not required—the controls can be set and the sound 
reinforcing system operates without any attention. The 
combination of a high quality, low level sound reinforc- 


ing system, a constant efficiency of sound pickup over 
the stage area, a uniform distribution of reproduced 
sound in the auditorium and a progressive delay system 
provides a sound reproducing system in which one is 
not aware that the original sound is reinforced. 


Continued from page 152 


opposite as indicated by the broken curve is very excessive 
up to approximately 1 kc and is never less than 15 db below 
the actual signal on the other channel. Figure 13 shows the 
same characteristics for a meving iron (variable reluctance) 
type pickup. The frequency characteristic is quite satis- 
factory from 30 cy to 15 kc. The crosstalk is fairly ac- 
ceptable at 1-5 kc but measures only — 10 db with respect 
to the signal from 100 to 700 cy. Figure 14 shows the fre- 
quency and crosstalk performance of a moving magnet type 
pickup. This pickup shows the least crosstalk of any of 
the various types tested amounting to approximately — 20 
db over a wide audio band. All three types exhibit poor 
crosstalk performance in the upper audio region, but this 
does not appear to interfere with good stereo listening. The 
presence of high-level crosstalk at very low frequencies also 
does not appear to impair the stereo illusion. 


CONCLUSIONS 


The acceptance of stereo disc recording by the public has 
been nothing short of phenomenal considering the short in- 
terval elapsing since its limited introduction a little over a 
year ago. The stage for stereo had undoubtedly been set 
by the pioneers in stereo tape making the introduction of 
the stereo disc inevitable to meet a pent-up demand for this 
type of reproduction in the home. The cooperation of re- 
cording equipment suppliers, record companies, and phono- 
graph manufacturers in setting up standards at an early 
date on an international basis was perhaps the major factor 
in bringing this new method of recording so quickly into 
homes all around the world. 
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Determination of the Recording Performance of a Tape 
from Its Magnetic Properties” ‘ 


IrvinG LEVINE AND Eric D. DANIEL 


National Bureau of Standards, Washington, D. C. 


A method has been developed for measuring two anhysteretic magnetic constants of the oxide 
coating. The coating thickness and the recording gap length are the only additional parameters 
necessary to determine the absolute bias for maximum output and the absolute recording sensitivity 
expressed as the ratio of remanent induction in the coating to field strength deep in the recording 


gap. 


INTRODUCTION 


it HAS been shown by Westmijze’ that the process of 

anhysteretic or ideal magnetization is closely analogous 
to the ordinary high-frequency biased magnetic recording 
process. Measurements of the anhysteretic properties of 
thirteen different tape types have yielded results which can 
all be fitted to a universal curve. Only two simple mag- 
netic measurements are necessary to adjust the scales of 
this curve to suit any particular tape. Using a simple ex- 
pression for the longitudinal field distribution of a ring-type 
recording head and the universal curve, numerical integra- 
tions have been carried out to determine the bias for maxi- 
mum output and the recording sensitivity for the above 
tapes, under long wavelength conditions. Absolute meas- 
urements performed on an actual recording machine are in 
good agreement as far as the values of maximal bias are 
concerned. In order to account for self-demagnetization 
during the record process, a semiempirical correction to the 
computed values of recording sensitivity is necessary. The 
corrected recording sensitivities are in good agreement with 
the measured values. This paper will describe in detail the 
equipment, measurements, and curves necessary to deter- 
mine the performance of magnetic recording tape at long 
wavelengths. 


* Work supported by the U. S. Air Force, AFMTC, PAFB, Florida. 


+ This paper was presented at a talk before the October, 1958, 
meeting of the Audio Engineering Society. It is expected that two 
papers treating the subject in a more complete manner will be pub- 
lished in a forthcoming issue of the Journal of the Acoustical Society 
of America. 


1W. K. Westmijze, Philips Research Repts. 8, 245-69 (1953). 


GENERAL METHOD OF MEASURING 
MAGNETIC PROPERTIES 


In a high-frequency biased recording machine, an element 
of tape passing across the gap of the record head is sub- 
jected to a strong alternating bias field, and a weak signal 
field which can be considered to be unidirectional provided 
the period of the signal is long compared to the time neces- 
sary to traverse the gap. The recording process is compli- 
cated by, among other things, the fact that the field distribu- 
tion is nonuniform in direction and magnitude. A simplified 
model of the recording process can be set up as indicated in 
Fig. 8(a) which shows a sample e* tape, consisting of N 
layers, in a solenoid which can be energized with a combina- 
tion of 60 cps ac (bias) and dc (signal). In this case, of 
course, the field in the sample is uniform in strength and is 
purely longitudinal. 

In an actual machine, the element of tape experiences a 
field which rises to a maximum above the center of the gap 
and decays to zero as the element passes away from the 
center. Both components, bias and signal, are everywhere 
in the same ratio. In the solenoid, we can simulate this 
condition by reducing both ac and dc simultaneously from 
their initial values, while the sample remains in the center 
of the solenoid. Or, we can reduce only the ac to zero while 
the dc remains constant at its initial value. Both processes 
are forms of anhysteretic or ideal magnetization. The rema- 
nent flux, @y, in the sample can be measured by means of 
a search coil and fluxmeter (to be described later). In 
terms of this flux, the intensity of remanent magnetization 
is given by 

J= %y/4rwe N, (1) 
where w is the tape width, c the oxide thickness, and N the 
number of layers in the sample. For small values of 4, the 
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Fic. 1. Anhysteretic curves. 


initial strength of the unidirectional field, the “anhysteretic 
susceptibility” can be written 

J/h=y= (4) (2) 
and is a function only of H, the initial amplitude of the 
alternating field. Typical results obtained by keeping / 
constant at the small value of 5 oe and varying H, are shown 
in Fig. 1. The solid curve corresponds to the reduction of 
the ac before the dc, and the dashed curve to the simultane- 


‘ous reduction of the currents. The analogy between the 


dashed curve and the usual recording system output vs. bias 
curve is evident, and the procedure for extending these re- 
sults to the more complicated case of a recording head will 
be given in a later section. 

Measurements similar to those plotted in Fig. 1 were 
made on thirteen recording tapes selected from four manu- 
facturers. All are 4-in.-wide coated plastic tapes, the coat- 
ing consisting of a layer from 0.15 to 0.77 mil thick of iron 
oxide (nominally yFe.O;) in a binder. The tapes were 
chosen to cover as wide a range of coating thickness and 
magnetic properties as possible. 

The important result of these tests is that all tapes yielded 
curves almost identical in shape to those of Fig. 1, thus 
making it possible to characterize any tape in terms of only 
two parameters which fix the scale factors of two universal 
curves. It will be convenient to use as the normalizing fac- 
tors the maximum susceptibility, »,,, and the critical field 
strength, Hy. The latter is the value of peak alternating 
field strength required to give a value of » equal to one-half 
its maximum value, as shown in Fig. 1. The more impor- 
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tant of the universal curves, that giving ’/y, as a function 
of H/Hpo, is shown in Fig. 2. 


DETERMINATION OF THE ANHYSTERETIC 
CONSTANTS 


Although a large number of measurements are required 
to define the curves of Fig. 1, only two measurements are 
necessary to determine »,, and H». In both measurements 
the initial dc field strength # must be within the linear 
range of all tapes measured. It is necessary to use an initial 
peak alternating field strength H of about twice the coercive 
force. 

If 4 is kept constant while H is slowly reduced to zero 
from its initial value (Mode 1), the anhysteretic suscepti- 
bility »,, can be calculated from the resulting remanent flux 
reading ®,, by 

1m = ©1/42 N weh, (3) 
where N is the number of layers in the sample. If both 
fields are slowly reduced to zero together (Mode 2), the 
remanent flux reading, 2 is used to calculate the critical 
field strength, Ho, by” 

Hoy = 0.92 H ®,/®. (4) 
The tape sample must be erased between magnetization 
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Fic. 2. Universal susceptibility curve. 


2E. D. Daniel and I. Levine (to be published). (This paper will 
be a more detailed account of the material given in the present paper.) 
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TasBLe I. Magnetie properties of various tape samples. 


Oxide Crit. field Intrinsic 
depth strength coercivity Retentivity 
ec mil H, oe H, oe B, gauss 


238 
230 
230 
252 
233 
257 
251 
230 
241 
230 
250 
263 
227 


Max. suse. 


4 

= 
3 
3 
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operations. This is accomplished by placing the sample in 
the magnetizing coil and energizing it to produce a pure 
alternating field strength of about 1500 oe and gradually 
reducing it to zero. The coating thickness, c, can be readily 
found by measuring the over-all thickness of, say, ten layers 
of tape, then stripping the coating with a suitable solvent 
(e.g., toluene) and measuring the over-all thickness of the 
ten layers of backing after the solvent has thoroughly evapo- 
rated. 

The hysteretic constants can also be determined with the 
above equipment. With a very high value of #4 and mag- 
netization in Mode 1, the retentivity, B,, can be calculated 
from the resulting flux reading ©; by 

B, = 3/we N. (5) 
A simple empirical relation has been found between the in- 
trinsic coercivity, H,, and the critical field strength: 

H, = 1.06 Hp. (6) 
Table I lists all tapes tested, together with the magnetic 
constants as determined above. Equation (6) yields values 
of coercivity within + 5% of the measured values. 

The following form is given as a summary of the method 
of determining the magnetic properties of recording tape; 
the field strengths recommended have been found to suit all 
the tapes so far tested. 


DETERMINATION OF TAPE CONSTANTS 


(1) Measurement of coating thickness: c in cm. 
(2) Preparation of sample: 50 5-in. lengths of 4 -in. tape. 
(3) Magnetizations and flux measurements: 


Initial peak 
ae field 
strength (oe) 


Fluxmeter 
reading 
(maxwells) 


Initial de field 
strength (oe) 


600 5 
600 5 
600 500 


Field reduction 


ae before de ?, 
ae and de together , 
ac before de ?, 


(Sample is erased between these operations.) 
(4) Calculation of tape constants: 


(a) Critical field strength, Hyp = 550 2/4; 


(b) Anhysteretic suscepti- 
bility, im 

(c) Retentivity, B, 

(d) Intrinsic coercivity, 4H, 


0.50 ;/c; 
31.5 K 10° & 3/c; 
1.06 Ho. 


DETERMINATION OF RECORDING PERFORMANCE 
AT LONG WAVELENGTHS 


The solenoid discussed above can be considered as an 
oversized record head. That is, if the solenoid were ener- 
gized with a combined ac and dc field and the tape moved 
very slowly and continuously through it, the tape would 
emerge uniformly magnetized with a signal of infinite wave- 
length. There are three important differences between such 
a record head and an actual ring-type head: 

(1) The field strength from the ring head varies with dis- 
tance above the head and, therefore, is not constant through 
the thickness of the oxide, while the solenoidal field strength 
is highly uniform through the oxide thickness. 


(2) The leakage field from a ring head varies in direc- 
tion and is purely longitudii. nly above the center of the 
gap while the solenoidal fieid is longitudinal over a long 
distance. 


(3) Self-demagnetization during the record process is a 
factor with a ring head due to the short gap length, while 
it is absent in the solenoid record process because of the 
long length of the magnetized sample. 

In order to compute the performance of an actual record- 
ing system, it will be assumed that the magnetization in each 
infinitesimal layer of the oxide follows the anhysteretic proc- 
ess shown in Fig. 2. It only remains to find an expression 
for the recording field distribution. Attention will be con- 
fined to the longitudinal component of recording field in the 
central plane of the gap, and the simple expression* 

H/H, = f(y) = 2/rarctan (b/2y) (7) 
will be assumed to be correct, where H, is the field strength 
deep within the gap, H the field strength a distance y above 
the head, and d the gap length of the record head. The rela- 
tive field strength is plotted versus the ratio y/b in Fig. 3, 
together with a sketch of the geometry of tape and gap. 
Theoretically, the longitudinal field strength is not always 
a maximum in the central plane of the gap but should rise 
to infinity at the gap edges. In practice, however, the edges 
are far from sharp relative to the small gap lengths normally 
used in practice, and Eq. (7) has been shown to be a quite 
accurate representation of the actual field distribution. 

Consider an infinitesimal layer of tape of thickness dy 
(Fig. 3) at a distance y above a record head whose gap 
length is 6. If the bias and signal field strengths deep in 
the gap are H, and h,, respectively, then the field strengths 
in the layer due to the bias and signal are H, f(y) and 
h, f(y). The magnetization in the layer is given by 


3 E. D. Daniel, Proc. Inst. Elect. Engrs. (London) 100, Pt. 3, 168- 
75 (1953); Karlquist, Trans. Roy. Inst. Technol., Stockholm No. 86 
(1954) (in English). 
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Fic. 3. Recording field distribution. 


J = hy f(y) [Ho f(y) ] 
and the flux in the layer by 


(8) 


8@ = 4r J wy. (9) 
The flux in the whole coating is given by 
Peate = 4 7 w hy f° f(y) 0 [Ho f(y)] dy (10) 


= 4x whhy nm f° f(y/b) y | (Ho/Ho) f(y/b)] d(y/b), 


(11) 
where ¥(H,/Ho) represents the universal curve of Fig. 
2. The values of the normalized recording sensitivity 
(1/whym) * Peaic/hky have been determined by numerical in- 
tegrations of Eq. (11) for various values of c/b and H,/Ho, 
and the results plotted in Fig. 4. As c/b— 0; i., for a 
very thin coating or a very long gap, the shape of the curve 
approaches that of the normalized susceptibility curve of 
Fig. 2. As the coating becomes comparable with the gap 
length, the maximum in the curve becomes less sharp and 
occurs at a relatively greater value of bias. These general 
characteristics are in keeping with the observed behavior of 
biased recorders. 

The maximal biases, H,,/H», as read from the peaks of 
Fig. 4, are plotted in Fig. 5 vs.c/b. The precision required 
in setting the bias is of practical interest. Also, it is com- 
mon practice to set the bias to a value slightly greater than 
the maximal value on the grounds that this gives somewhat 
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better linearity. With this in mind, the percentage change 
in bias below and above H,, required to give a 2-db decrease 
in recorded flux has been read from Fig. 4 and is shown as 
a function of c/b in Fig. 6. It will be shown later that the 
above biases as calculated from the curves are in good agree- 
ment with experimentally determined values. 

The calculated values of maximum recording sensitivity 
corresponding to the values of maximal bias must, however, 
be corrected to take into account certain losses that occur 
in the magnetizing process using an actual recording head, 
the principal one being due to self-demagnetization. Cor- 
rected values of maximum recording sensitivity are given? by 


(1/wb) + (®/hy) = A {1 — exp [—(B/wb) * (®eaic/hn) J}, 
(12) 
where the values of the constants, determined empirically, 
are given by A = 4.26 and B=0.15. The form of this 
equation is in keeping with the theory of anhysteretic self- 
demagnetization developed by Neel. The self-demagneti- 
zation makes the recording process behave in the manner of 
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Fic. 4. Calculated flux vs. bias curves. 


4L. Neel, Cahiers phys. 17, 47-50 (1943). 
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DETERMINATION OF THE RECORDING PERFORMANCE OF A TAPE FROM ITS MAGNETIC PROPERTIES 


Fic. 5. Maximal bias curve. 


a negative feedback amplifier so that tapes with high sus- 
ceptibility do not have proportionately higher recording 
sensitivity. In the limit for a high susceptibility and thick 
coating, the exponential term in (12) vanishes, and the 
recording sensitivity becomes independent of the magnetic 
properties of the tape. A plot of the corrected parameter 
(1/wb) - @/h, vs. c/b for various values of »», is shown in 
Fig. 7. The recording sensitivity may also be expressed in 
terms of the commonly used surface induction B, by using 
the relation 

B,/hy = x/dw > &/hy, (13) 
where A is the recorded wavelength (cm) under considera- 


tion. This equation is, of course, applicable only to wave- 
lengths large compared with the oxide thickness. 


ABSOLUTE MEASUREMENTS 


To check the validity of the calculations, it is necessary 
to carry out absolute measurements of signal and bias field 
strengths and recorded flux on an actual recording machine. 
For this purpose, a recorder was chosen which could be 
used with a continuous loop of tape. The erase and bias 
frequency was 350 kcps. A ring-type recording head was 


Fic. 6. Percentage change in maximal bias to produce 2-db loss. 


185 


used which was of conventional design except that the con- 
ducting gap spacer was replaced with a nonconducting one 
to avoid complications due to eddy currents in the spacer. 
The gap length of the recording head must be known pre- 
cisely. It was therefore measured by magnetic rather than 
optical means, by using the head as a reproduce head and 
measuring the frequency f,, at which the first null occurs 
in the response-frequency characteristic. The gap length is 
then determined from the relation® 
b = 0.88 f,/v, (14) 
where v is the tape speed. The numerical factor accounts 
for the difference between the true and effective gap length 
on playback. 


Fic. 7. Maximum recording sensitivity curves. 


The other constants of the recording head that are re- 
quired are the field strengths produced deep within the gap 
by unit current in the coil at the signal and bias frequencies, 
f and F. To determine these constants a single turn of fine 
wire was wrapped around the pole pieces in the vicinity of 
the gap. If e and E are the open circuit voltages at the 
terminals of the single turn corresponding to signal and bias 
currents i and J through the main winding, the required 
head constants are given by 


h,/i_ = 108 e/2m fai 
H,/I = 108 E/2n Fal {, 


where a is the area of the pole faces. The area of the turn 
of wire was necessarily slightly larger than a; on the other 


(15) 


5 W. K. Westmijze, Philips Research Repts. 8, 148-57 (1953). 


| || 
os : 
BO 
25 
wn ‘ 
" 
20 
“Ss Z 
€ ; 
° a2 0.4 0.6 oe 10 
me St 5 
%m 
; a as°° - 
40 
35 
30 
ele 25 
. ie 
4 x : 
3 is 
ole 
-— * -) 
. os 
ee 
CGS UNITS 
° 0.2 0.4 06 os Lo 
$ 
es ; 
60 
40 7 
20 
: ° 
-20 
, ae. 
- i 
0.2 o4 06 os Lo 
+ pI: 
ee a 


ie ae 


FE ee 


eae 


E 
4 
: 


ae) aCe Oe sy eo hee 


186 


hand, the gap field strength decreases in the vicinity of the 
edges. The effects of these factors tend to cancel and checks 
made on a large scale model show that (15) gives a good 
approximation to the field conditions deep within the gap. 
The results obtained for the test head were 

b = 1.17 mil 

hy/i = 25.8 oe/ma “f =  1keps) (16) 

H,/I = 14.5 oe/ma (F = 350 keps) . 


Both field constants were independent of driving current 
over the range of interest, and the signal field constant was 
independent of frequency below 1 kcps. 

Maximal or other bias conditions are most easily deter- 
mined by using a conventional reproducing head and am- 
plifier to playback a recorded signal. Also, if the wave- 
length of the recorded signal is very large compared with 
the thickest tape coating to be tested, the reproduced volt- 
age, V, is proportional to the recorded tape flux. In order 
to determine the constant of proportionality, however, a di- 
rect measurement of tape flux must be made on at least one 
tape. This measurement may be made in two ways: 

(a) The tape is recorded under maximal bias conditions 
by passing a direct signal current through the calibrated 
recording head equal to the peak value of the signal current 
used for the ac tests. The recorded loop is cut into N five- 
inch lengths which are stacked to form a multilayer sample 
of the same type as that used in the magnetic tests previ- 
ously described. The total remaneni flux, N®, is then 
measured by means of the search coil and fluxmeter. In 
order to eliminate possible errors due to magnetization of 
the heads or asymmetry of erase or bias wave form, two 
loops may be recorded with signal currents of opposite 
polarity. The correct value of the tape flux is then given 
by the arithmetic mean of the results obtained on the two 
loops. 

(b) The tape is recorded with a maximally biased alter- 
nating signal and the flux measured by means of a single 
conductor of known dimensions. At long wavelengths the 
most convenient type of conductor is a copper wire of circu- 
lar cross section placed in contact with the moving tape 
across its width. It can be shown that the open circuit 
voltage, ¢,,, induced between the ends of the wire is given 
by® 

Cx = (xv/d) exp (—2xr/A) & X 10°, (17) 
where r is the radius of the wire, v the tape speed, A the 
wavelength, and ® the peak recorded flux. In the actual 
tests made, the wire radius was 5 mil, and the wavelength 
100 mil (600 cps at 60 ips). 

The two methods of measuring tape flux gave results in 
excellent agreement. The method using the fluxmeter is prob- 
ably the more accurate and the value of @/V given by this 
method was used to obtain the results given below. Using 
the calibrated record-playback system, absolute measure- 
ments were made on the thirteen tapes, with the results 
given in the next section. The signal current used through- 


6 E. D. Daniel (unpublished work). 
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out was sufficiently low to insure that all the tapes were 
operated well within their linear range. (The value of h, 
did not exceed 15 oe.) 

COMPARISON OF THEORY AND EXPERIMENT 


The values of c/b (for b= 1.17 mil) for the various 
tapes are given in the first column of Table II, together with 


TaBLeE II. Theoretical and observed maximal bias field strengths 


in the gap. 

c—H,, 0oe—, Error 

Tape e/b Obs Theor % 
A 0.128 304 321 +5.6 
B 0.264 351 356 +1.4 
Cc 0.273 381 359 —5.8 
D 0.290 367 402 +9.5 
E 0.290 341 370 +8.5 
F 0.341 388 426 +9.8 

G 0.400 445 445 0 
H 0.400 412 407 -1.2 
I 0.443 445 441 -0.9 
J 0.443 424 421 -—0.7 
K 0.469 457 470 +2.8 
L 0.477 488 500 +2.5 
M 0.656 508 504 —0.8 


TABLE III. Theoretical and observed deviations from maximal bias 
required to produce a 2-db loss. 


= i scoiteat Wh, mm 

Tape e/b Obs Theor Obs Theor 
A 0.128 31 35 19 15 
B 0.264 46 38 28 18 
Cc 0.273 33 38 25 18 
D 0.290 40 38 25 19 
E 0.290 37 38 27 19 
F 0.341 46 39 29 20 
G 0.400 33 40 30 22 
H 0.400 42 40 28 22 
I 0.443 39 41 31 24 
J 0.443 38 41 30 24 
K 0.469 48 42 31 25 
L 0.477 46 43 33 25 
M 0.656 44 47 39 31 


TaBLE IV. Theoretical and observed recording sensitivities. 


r-—/h, maxwell/oe— -— Error —, 


Tape e/b Obs Theor % db 
A 0.128 2.18 X 10* 2.34 x 10° +7.3 +0.6 
B 0.264 4.43 4.44 +0.2 0 
Cc 0.273 5.02 5.48 +9.2 +0.8 
D 0.290 3.36 3.27 — 2.7 — 0.2 
E 0.290 5.08 5.10 +0.4 0 
F 0.341 3.74 3.44 — 8.0 —0.7 
G 0.400 4.35 4.34 — 0.2 0 
H 0.400 4.67 4.82 +3.2 +0.3 
I 0.443 3.97 4.00 +0.8 +0.1 
J 0.443 4.71 4.98 +5.7 +0.5 
K 0.469 4.46 4.12 —7.6 — 0.6 
L 0.477 3.98 3.84 — 3.5 — 0.3 
M 0.656 6.99 6.78 — 3.0 -0.3 


the observed and theoretical values of maximal bias. The 
largest error (for tape D) is less than 10%. Table III lists 
the plus and minus percentage changes (+ A) in bias for 
a 2-db reduction in recording sensitivity. The agreement 
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eon. F eas 


between observed and theoretical + A’s indicates that the 
shapes of the theoretical output vs. bias curves of Fig. 4 are 
very close to those of the measured curves. 

Table IV gives the observed and theoretical maximum 
recording sensitivities, using Fig. 7 to compute the theoreti- 
cal values. The errors are seen to be quite small; the larg- 
est one being less than 1 db. 


EXAMPLE ON THE USE OF THE CURVES 


As an example of the uses of the method of expressing 
tape properties described above, suppose it is desired to 
check whether a new type of tape will be compatible with 
an existing tape-machine combination, as far as maximal 
bias setting and sensitivity are concerned. Assume that the 
constants of the old (A) and new (B) tapes are known to 
be as follows: 


c, mil 
Ho, oe 
Nm 


and let the record gap length and track width be 1.25 and 
50 mil. The oxide thickness to gap length ratios of the two 
tapes are 0.24 and 0.48, respectively. With these values of 
c/b, we obtain the following performance data from Figs. 


(1/wb) &/h, 2.8 
&/h, 


, 2.39 
1.12 x 10% 0.96 « 10% 


Hence, compared with the old tape, the new tape will re- 
quire 7.5% more bias for a 1.4-db lower maximum sensi- 
tivity. It can also be calculated that, if operated at the 
old value of bias, the sensitivity of the new tape would de- 
crease by 0.3 db. 


CONCLUSIONS 


It has been the usual practice in tape specifications to 
express the magnetic properties in terms of hysteretic con- 
stants. These constants cannot be used to assess recording 
performance with any accuracy so that separate sensitivity 
and bias current data must be provided. These data are 
purely relative and, moreover, apply only to a specific ma- 
chine; they cannot be accurately translated to another ma- 
chine using a significantly different record gap length. 

A briefer and more flexible method of specifying the re- 
quired performance characteristics is suggested by the re- 
sults of the present investigation. This would be based upon 
quoting the oxide thickness, c, the critical field strength, 
Ho, and the anhysteretic susceptibility, »,,. The advantages 
of the new method would be: 

(1) The measurements involved are very simple and, as 
shown in the Appendix, the equipment required need be 


lar 


Fic. 8. (a) Magnetizing coil. (b) Magnetizing supply. 


little more complicated than a conventional hysteresis loop 
tracer. 

(2) The long wavelength performance of the tape can 
be readily calculated from these constants in terms of pa- 
rameters that are completely independent of a particular 
recording machine. 

(3) It is easy to predict the change in performance tc 
be expected from a change in tape properties or record gap 
length. 

In practice, it might prove useful to specify recording 
sensitivity and maximal bias figures relative to an arbitrary 
standard gap length and track width in addition to the three 
basic tape constants. Acceptable standards might be 1.0 
mil and % in., respectively. This would provide a quick 
comparison of tape performances under standard operating 
conditions. 

The results described in this paper are confined to the 
long wavelength performance of a tape under linear operat- 
ing conditions. It should be possibie to extend the treat- 
ment to short wavelengths by taking into account such 
factors as separation loss and phase effects. Also, it seems 
likely that nonlinearity in recording can be related to the 
results of anhysteretic tests. 


APPENDIX 
Magnetizing Equipment 


Figure 8(a) shows the magnetizing coil together with its 
calibration coil, with the sample in place for magnetization. 
The magnetizing coil consists of about 19,000 turns of No. 
24 wire. A sensitivity of about 1600 oe peak/amp rms is 
obtained with the indicated dimensions, the field being uni- 
form within + 3% over the length of the sample. In order 
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Fic. 9. (a) Search coil and sample. (b) Basic electronic fluxmeter. 
(c) Practical electronic fluxmeter. 


to calibrate the field strength in the coil, a single layer coil 
of about 1000 turns of No. 38 wire is wound on the central 
five inches of the coil form. Thus, the open circuit voltage, 
Eo, of this coil together with its cross-sectional area, A, and 
number of turns, NV, can be used to calculate the mean field 
strength, H, in the sample: 

H = (Ep X 108)/(22fAN). (18) 
The calibration and magnetizing coil can also be used to 
calibrate the fluxmeter as will be discussed later. 


The supply for the magnetizing coil, shown functionally 
in Fig. 8(b), consists of an isolation transformer, a motor 
driven variac, a rectifier, and ac and dc metering circuits. 
In the actual equipment, switching is provided so that eras- 
ing and magnetizing operations can be carried out semi- 
automatically. During erasure (position 1) approximately 
1 amp at 60 cps is fed through the tuning capacitor to the 
coil which has a resistance of about 200 ohms and an induct- 
ance of about 1.6 henries. Magnetization in Modes 1 and 
2 require initial values of approximately 0.36 amp of ac and 
4.2 ma of dc, corresponding to axial field strengths in the 
coil of 600 oe peak and 5 oe, respectively. The metering 
circuits are adjusted so that the meter scales read directly 
in oersteds. When the rectifier is connected to the isolation 
transformer (position 2), the ac may be reduced to zero 
independently of the dc (Mode 1). When the rectifier is 
energized from the variac, energizing the motor reduces the 
ac and dc to zero simultaneously, provided the time con- 
stant of the smoothing filter is sufficiently small. Magnetiz- 
ing the sample anhysteretically with approximately 0.36 
amp rms of ac and 0.42 amp of dc (500 oe in the coil) is 
normally sufficient to reach saturation. 


During the magnetizing operation, the ac should be re- 
duced to zero in such a way that the decrease in the cor- 
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responding field strength is less than 4/4 = 1.25 oe/cy. 
This requirement is adequately met by using a standard 
commercial unit having a traverse time of 16 sec. A re- 
versing switch is provided at the terminals of the coil so 
that the effect of the earth’s field can be canceled out. How- 
ever, the most convenient procedure is to orient the coil 
until the position of the reversing switch makes no differ- 
ence in the remanent flux measurement; the axis of the coil 
is then perpendicular to the earth’s field. 


Fluxmeter 


The remanent magnetization in the sample is measured 
by inserting it symmetrically in a two-inch-long search coil 
which may be connected either to a ballistic galvanometer 
or to an integrating amplifier and meter. The sample is 
rapidly withdrawn from the search coil and the resulting 
deflection is proportional to the remanent flux in the sample. 

The smallest flux to be measured is of the order of 1 max- 
well. It is important that the search coil be sufficiently 
small so that it links with substantially all the tape flux 
when the sample is symmetrically inserted. Using the 5- 
inch sample length, suitable coil dimensions have been found 
to be as indicated in Fig. 9(a). When using a ballistic 
galvanometer, the search coil resistance must be small com- 
pared with the galvanometer critical damping resistance. 
These two factors limit the number of turns. The results 
given earlier in this paper were obtained using a search coil 
of about 20,000 turns of No. 40 wire and a galvanometer 
requiring 0.003 pcoul for a deflection of 1 cm on a scale 1 m 
from the galvanometer mirror. 

An alternative method of measurement consists of replac- 
ing the ballistic galvanometer by an integrating amplifier, 
as shown in Fig. 9(b). Withdrawal of a sample of rema- 
nent flux @ from a search coil of m turns gives a maximum 
input voltage, 


E = [(m/®)/(RC) + 10°] (19) 


provided (2/R) (L/C) * <<.1 and the sample is with- 
drawn in a time small compared to RC. If the peak output 
voltage is to be read accurately and easily, RC should be at 
least 10 sec. The maximum number of turns that can be 
accommodated in the coil specified in Fig. 9(a) is about 
70,000. Under these conditions the input voltage to the 
amplifier will be about 70 »v/maxwell, and the gain of the 
dc amplifier will not have to be excessive. 


A more practical system is obtained by modifying the 
circuit as indicated in Fig. 9(c). Here a very long discharge 
time constant is obtained by using a transient peak meter 
shown functionally as a diode and condenser. The time 
constant of the integrator, which may be a single stage, must 
still be long (about 5 sec) compared with the time taken 
to withdraw the sample from the coil. However, most of 
the amplification required can be obtained by an RC 
coupled amplifier between the integrator and meter. A mag- 
(Continued on Page 222) 
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Magnetic Characteristics of Recording Tapes and the 
Mechanism of the Recording Process* 


J. G. Woopwarp Anp E. DeLta Torre 
RCA Laboratories, Princeton, New Jersey 


The magnetic characteristics of recording tapes are described in terms of a 3-dimensional dis- 
tribution function based on the characteristics of the individual particles comprising the recording 
medium. The distribution function also includes the effects of particle interaction. Measured 
distribution functions for two quite different recording tapes are shown. They demonstrate that 
particle interaction is highly significant. It is shown that the usual audio practice of recording 
with superimposed signal and high-frequency bias fields is completely dependent on particle inter- 
action for its operation. Measured distribution functions are used to compute the recording re- 
sponse for the two tapes. The computed curves are in agreement with recording experience in 
showing an increasing loss of high-frequency signal as the bias level is increased. This phenomenon 
as well as differences in response determined by the different composition of the two recording 
tapes may be understood in terms of the distribution function. The distribution function method 
offers a new approach to the analysis of the recording process, and suggests that magnetic material 


of the recording medium may be used more effectively than is the case at present. 


INTRODUCTION 


LTHOUGH THE useful recording of signals on magnetic 
tape has become commonplace, no completely satis- 
factory analysis of the recording process has been made. 
The lack of understanding of the basic mechanisms involved 
is particularly acute in the case of conventional audio re- 
cording where recording is accomplished by means of an 
anhysteretic magnetization process in which a_high- 
frequency bias field is superimposed on the signal field at 
the recording head. Helpful qualitative and empirical de- 
scriptions of this process based on the bulk magnetic prop- 
erties and hysteretic behavior of the recording medium have 
been made.’-* Except for purely empirical discussions, the 
attempts to analyze the high-frequency bias recording proc- 


* Received July 10, 1959. Scheduled to be presented at the Eleventh 
Annual Convention of the Audio Engineering Society, New York, 
October 7, 1959. 

1S. J. Begun, Magnetic Recording (Murray Hill Books, New York, 
1949), p. 54 ff. 

2H. G. M. Spratt, Magnetic Tape Recording (The Macmillan Com- 
pany, New York, 1958), pp. 70-1. 

3 P. E. Axon, Proc. Inst. Elect. Engrs. (London) 99, Pt. III, 109-26 
(1952). 

4E. D. Daniel, Proc. Inst. Elect. Engrs. (London) 100, Pt. III, 168- 
76 (1953). 

5S. Duinker, Tijdschr. Ned. Radiogenoot 22, 29-48 (1957). 

6]. Levine and E. D. Daniel, “Determination of the Recording Per- 
formance of a Tape from Its Magnetic Properties,” page 181 this 
issue. 


ess have relied on various forms of linear approximation of 
the hysteresis loops of the recording medium. Such approxi- 
mations do not adequately describe all aspects of the non- 
linear behavior of the recording medium. Moreover, they 
are not concerned with the basic nature of the recording 
process which involves the properties of the individual par- 
ticles comprising the recording medium in the usual oxide- 
coated tapes. In addition to the properties of individual 
particles the interaction between particles is also highly 
significant in the recording process, as will be shown in this 
paper. 

The principal purpose of this paper is to suggest a new 
approach toward gaining an analytical understanding of the 
recording process. The recording process as well as the 
magnetic characteristics of the recording medium will be 
described in terms of a 3-dimensional distribution function 
whose coordinates are the positive and the negative switching 
fields and the magnetic moments of the individual particles 
of the tape coating. Means for measuring the distribution 
function will be described and examples will be shown. 
Using the measured distribution function, the small-signal 
recorded magnetization as a function of frequency will be 
calculated for some simple cases of high-frequency bias re- 
cording. 


THE DISTRIBUTION FUNCTION 
The coating on the commonly used magnetic recording 
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Fic. 1. (a) Symmetrical hysteresis loop of a single particle in the 
absence of particle interaction. H is the applied field. H+ and H- 
are the values of the switching fields. (b,c) Asymmetrical loops of a 
particle when influenced by the fields of neighboring particles. 


tapes is composed of small particles of y-iron oxide. Each 
of these cigar-shaped particles has a strongly preferred axis 
of magnetization. Because of its very small size each par- 
ticle is a single domain spontaneously polarized in one or 
the other sense along its preferred axis. The application of 
an external magnetizing field of sufficient strength and in 
the proper direction can switch the magnetization of a par- 
ticle from one polarity to the opposite polarity. We are 
justified in neglecting the rotational component of magneti- 
zation which may be present when the direction of applied 
field is not parallel to the preferred axis of the particle. In 
magnetic recording we are concerned only with the remanent 
induction on the tape. To a first approximation the rota- 
tional component of the induction vanishes when the applied 
field is reduced to zero and thus does not contribute to the 
remanence. Hence, for our purposes, an isolated, rigidly 
held particle will exhibit a symmetrical rectangular hystere- 
sis loop when an applied field, H, is varied, as shown in 
Fig. 1(a). Here, H, and H. are the values of the applied 
field just sufficient to switch the polarity of the particle. 
When the particle is embedded in the coating of a record- 
ing tape, it is in close proximity to other magnetized par- 
ticles. The magnetic fields of these neighboring particles 
add to or subtract from the external applied field and cause 
the hysteresis loop of Fig. 1(a) to become asymmetrical. 
Examples are shown in Figs. 1(b) and 1(c). When particle 
interaction of this sort occurs the magnitudes of the positive 
and negative switching fields are no longer equal. We will 
assume the external field to be applied and measured in a 
direction parallel to the length of the tape which is in the 
form of a long, %-in.-wide strip. If we use the magnitudes 
of the positive and negative switching fields as two coordi- 
nate axes, each particle may be represented by a point in 
the H,—H_ plane. The types of loop asymmetry which 
locate the point representation of a particle in various re- 
gions of the H,—H- plane are shown in Fig. 2. In the 
absence of particle interaction all of the particles would be 
represented by points falling on the 45° line labeled H’_, 
for which H, = H.. The distribution of the points along 
this line is dependent on the size and orientation distribution 
of the particles. Any lateral spread of points away from 
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the H’. line is due to particle interaction. The greater the 
interaction field at a particle, the greater will be the dis- 
tance from the H’_ line to the point representing the particle. 

The magnitude of the magnetic moment of a particle 
may be associated with its point representation in the 
H.-H. plane in terms of a height above the plane at the 
point in question. When a very large number of particles 
is involved, the distribution of magnetic moments in the 
H.-H. plane may be treated as a continuum, and the mag- 
nitudes of the moments of the particles whose points lie in 
each element of area of the plane may be summed to give 
the magnetic moment per unit area of the plane. This 
quantity, which is a function of H, and H_ and is designated 
by J(H,,H.), is the 3-dimensional distribution function 


“HL 


Fic. 2. Types of loop asymmetry corresponding to various regions 
of the H+ - H_ plane. 


which characterizes a magnetic recording tape. The mag- 
nitude of J is measured along an axis perpendicular to the 
H,-H_- plane. Because of the symmetry of the bulk mag- 
netic properties of the tape it is reasonable to expect 
J(H,,H_.) to be symmetrical about the H.’ axis of Fig. 2. 
Measurements of the distribution function verify this sym- 
metry. 


THE DEMAGNETIZATION PROCESS 


Recording tape is usually demagnetized, or erased, by 
subjecting it to an alternating field which gradually decays 
to zero from an initial value sufficient to saturate the tape 
on positive and negative peaks. Such a time-varying field 
is plotted in Fig. 3(a). The positive and negative peaks of 
the demagnetizing field are represented by horizontal and 
vertical lines in the H, — H-_ plane of Fig. 3(b). For present 
purposes we suppose the distribution function characterizing 
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Fic. 3. (a) A demagnetizing (erasing) field. (b) Condition of the 


distribution following the demagnetization process of (a). Negative 
saturation above and positive saturation below the heavy line. 


the tape to be contained entirely in the first quadrant of 
the H,-—H_ plane, as indicated by the dashed enclosure in 
Fig. 3(b). 

When tape is erased by passing it over an erase head to 
which a high-frequency current is fed, each small element 
of length of the tape experiences a decaying demagnetizing 
field. The distribution function must be thought of as 
applying to each element of tape. The sequence of alter- 
nating positive and negative peak fields experienced by the 
tape element leaves the distribution in the H,—H- plane 
divided into two equal parts. Above and to the left of the 
heavy, step-shaped line of Fig. 3(b) the distribution is in 
negative saturation. Below and to the right of the heavy 
line the distribution is in positive saturation. The net mag- 
netic moment of the distribution is zero. When a higher 
frequency erasing field is used, the line separating regions 
of positive and negative polarity contains a larger number 
of smaller steps. In the limit, for a very high erase fre- 
quency, the boundary between positive and negative regions 
approaches the 45° line labeled H’.. 


THE RECORDING PROCESS 


It should be evident that any magnetization of recording 
tape involving only dc fields can be described quite simply 
in terms of the distribution function. Such magnetization 
processes correspond to pulse recording and to recording 
with de bias. The more usual audio-recording process in- 
volves a high-frequency bias superimposed on the signal. 
Each elementary length of tape in passing the recording 
head experiences an anhysteretic magnetization in which the 
bias and signal fields decay together from a maximum value 
to zero, maintaining a constant ratio between the signal and 
the bias amplitude at all times. When the signal frequency 
is not too high, the phase of the signal does not change 
appreciably as an element of tape passes the recording head. 
However, the bias field varies through many cycles during 
the passage of the tape element. Decaying, superimposed, 
signal and bias fields such as a tape element might experi- 
ence are shown in Fig. 4(a). Only the longitudinal com- 
ponent of the recording field will be included in this analy- 
sis. 

The remanent induction on an element of tape may be 
found by using the method of the preceding section, as is 
shown in Fig. 4(b). Positive peaks of the bias field are 
represented by horizontal lines and negative peaks by verti- 
cal lines in the H,—H-. plane. At the conclusion of the 
magnetization process the portion of the distribution above 
and to the left of the step-shaped line is in negative satura- 
tion. The portion below and to the right of the line is in 
positive saturation. In this example the region of positive 
moment is seen to be larger than the region of negative mo- 
ment, giving a net positive moment to the distribution. In 
the limit for a very high frequency bias the boundary be- 
tween negative and positive regions approaches a straight 
line of slope (Hz + Hs)/(Hz-—Hs), where Hg is the in- 
stantaneous value of the signal field and Hy, is the instan- 
taneous magnitude of the envelope of the bias field. We 
have supposed, in the example considered, that the tape 
was initially demagnetized and that the initial value of the 
recording field was great enough to saturate the entire dis- 
tribution. 

When the signal current to the recording head varies with 
time, each element of tape passing the head encounters a 
different value of Hs. Hence, the slope of the boundary 
line between positive and negative remanent magnetic mo- 
ment in the H,—H_ plane varies from element to element, 
and a longitudinally varying pattern of magnetization is 
left on the tape, corresponding to the time variations in the 
signal current. 

Before proceeding further with the analysis of the record- 
ing process, it is worth noting that the method of recording 
with a high-frequency bias superimposed on the signal is 
completely dependent on particle interaction in the tape 
coating. We may see that this is true by supposing no in- 
teraction to exist, in which case the distribution in the 
H,-—H_- plane would be confined to the H’. line. Following 
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Fic. 4. (a) Superimposed low-frequency signal and high-frequency 
bias fields experienced by an element of tape passing a recording head. 
(b) Condition of the distribution following the recording process of 
(a). Negative saturation above and positive saturation below the 
iieavy line. Hz = instantaneous amplitude of bias envelope; Hs= 
instantaneous value of signal. 


the anhysteretic magnetization process of Fig. 4 the entire 
distribution lies below the line separating regions of posi- 
tive and negative polarity. Hence, the entire distribution is 
saturated with positive polarity, and this must be true for 
any slope of the boundary line greater than unity. Simi- 
larly, for any slope less than unity the noninteracting dis- 
tribution must be left entirely in negative saturation. There- 
fore, no values of net magnetic moment are possible other 
than positive or negative saturation of the entire distribu- 
tion, and linear recording of a signal cannot be accomplished 
by means of the high-frequency bias method. This record- 
ing method can work only when the distribution has a 
spread laterally from the axis of symmetry, as occurs as a 
result of particle interaction. 

The analysis of the anhysteretic magnetization process is 


simplified somewhat if the distribution is referred to axes 
rotated 45° relative to the H,—H_ axes. These new axes 
are labeled H’, and H’. in Fig. 2. The transformation is 
made by the following relationships: 


V2 A. = H.-H’. 
V2 4.=H'.+28'. 
When signal and bias fields are superimposed 
H.=H,+ Hs 
H.=H,-Hs ’ 
Substitution of (2) in (1) gives 


= V2 As 
H’.=V2 Hz} 


We see that distances measured along the H’, axis are pro- 
portional to the instantaneous signal field, Hs, and dis- 
tances measured along the H’. axis are proportional to the 
magnitude of the envelope of the bias field, Hy. We may 
therefore measure and plot the distribution function, 
J( Hs, H,), in the Hs — H, plane as a function of the signal 
and bias fields. 

The magnetization process depicted in Fig. 4(b) in the 
H,—-—H_- plane may be shown in the Hg — H, plane, as illus- 
trated in Fig. 5. In this case the line separating regions 
of positive and negative polarity has a slope a = Hs/Hp,. 
The net remanent magnetic moment in the distribution for 
an element of tape is 


aH, A max 
H,s=—0 Hz,=—0 


Here, Hx max is the maximum value of the bias field experi- 
enced by the element of tape. The slope, a, varies with the 
signal field, Hs, and hence is different for each element of 
tape. Therefore, when J(Hs, H,) is known and a is given 
as a function of time, Eq. (4) can be used to calculate the 
pattern of remanent magnetic moment along the tape. How- 
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Fic. 6. Method of measuring the distribution. See text. 


ever, such a computation is likely to be rather involved due 
to the nature of both a and J. Some simple cases will be 
treated in a later section. 


MEASUREMENT OF THE DISTRIBUTION FUNCTION 


We will now consider briefly the measurement and form 
of the distribution function. Anhysteretic magnetization 
processes enable one to measure the remanent magnetic mo- 
ment in small regions of the distribution in the Hg—H, 
plane. The method is described by reference to Fig. 6. 
When an initially demagnetized sample of tape is magnet- 
ized by applying signal and bias fields of initial values, 
S, and B,, and allowing these fields to decay together, the 
net remanent magnetic moment in the distribution is twice 
that contained in the region bounded by OCB,0 in Fig. 6. 
Other values of remanent moment are obtained when the 
other initial values of signal and bias indicated in Fig. 6 
are used. From four measured values of remanent moment, 
the moment in the small region, CDEF, may be calculated. 
When such measurements are made with systematic varia- 
tions in initial signal and bias fields, the magnetic moment 
per unit area of the Hs—H, plane may be found for most 


Fic. 7. Measured distribution function in the H:-H- plane for 
tape A. 
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of the distribution contained in the first quadrant of the 
H,—H. plane. Three-dimensional plots of data acquired 
in this manner are shown for two recording tapes in Figs. 7 
and 8. Tape A, represented in Fig. 7, is a high-quality, 
commercial variety. Tape B, represented in Fig. 8, is a 
sample of an experimental tape which was found by record- 
ing tests to be unsuitable for use in conventional audio 
recorders. 

Various types of instrumentation and techniques may be 
used to magnetize the tape and to measure its remanent 
moment. In the work reported here tape-recording equip- 
ment was used. The tape was moved past the recording 
and playback heads at a speed of 1% ips. The signal fre- 
quency was 100 cps, and the bias frequency was 30 kc. The 
playback head had a gap length of 60 yin., and the tape 
was in contact with the head during reproduction. The re- 
cording head had a 2-mil gap length. The tape coating was 
spaced from the recording head by 3.2 mils. With this spac- 
ing the recording field was substantially uniform throughout 
the 2-mil thickness of the tape coating. Moreover, tests 


Fic. 8. Measured distribution function in the H:-H_- plane for 
tape B. 


indicated that the perpendicular component of the recording 
field did not influence the remanent induction on the tape 
until the recording field was sufficiently strong to saturate 
the tape. A calibration technique permits conversion from 
the recording current in milliamperes to the field strength 
at the tape in oersteds. In playback, the 100-cps signal 
appearing at the playback head was fed to an amplifier 
and integrator, and then to a peak-reading voltmeter. The 
voltmeter reading is proportional to the peak remanent in- 
duction on the tape and hence can be used in the computa- 
tions described in the preceding paragraph. 


SMALL-SIGNAL RECORDING RESPONSE 
If low distortion is desired in audio recording, the signal 
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Fic. 9. Measured distribution functions for tapes A and B in a 
section along the Hs axis. The measured curves can be closely de- 
scribed by error functions, (x). Js is the magnitude of the bias 
current in the recording head and is proportional to Hz. 


field at the recording gap should be small compared to the 
bias field. In this small-signal case only a small, central 
region of the distribution in the Hs — H, plane contributes 
to the remanent magnetic moment, and the analysis can be 
simplified considerably. The slope, a = Hs/Hz (see Fig. 
5), is very small, and the boundary between regions of posi- 
tive and negative polarity in the magnetized distribution is 
very close to the H, axis. We will assume, therefore, that 
within the region of these small values of a the distribution 
is substantially uniform in the Hy, direction, and we need 
know only the manner in which the distribution varies along 
the H», axis. This variation, as measured experimentally, 
is shown for tapes A and B, in Fig. 9. It has been found 
that error functions describe the sections of the distribution 
on the H, axis quite closely. The error-function expressions 
for the two tapes are shown in Fig. 9. They are given in 
terms of the bias current (/,) which is proportional to the 
bias field strength, H». 

With the simplification of the small-signal case, Eq. (4) 
may be written with one independent variable as 


Ae max 
M=2 f aHgJ(Hz)dHp. (5) 
0 


For a low-frequency signal, a is constant for a given ele- 
ment of tape and may be taken outside the integral. In the 
case of a high-frequency signal, a will change appreciably, 
perhaps through several cycles, as an element of tape passes 
through the recording field. In order to perform the inte- 
gration in Eq. (5) for high frequencies it is necessary, 
therefore, to express the time-varying a in terms of Hz. 
This can be done if the geometry of the recording field is 
known and can be expressed analytically. For the present 
calculations we will assume that the field lines around the 


recording gap are semicircular, so the longitudinal compo- 
nent of the recording field is given by 


=) 

m (x? + 9°) 
where / is the gap length, y is the distance above the record- 
ing head at the gap, x is the distance from the central plane 
of the gap measured in the direction of the tape motion, / 
is the current in the recording head, and & is a constant. 


Equation (6) applies to both the signal and to the envelope 
of the bias; hence, for a sinusoidal signal 


(6) 


(7) 


where Jo is the amplitude of the signal current, f is the 
signal frequency, @ is the phase of the signal, and v is the 
linear tape speed. According to Eq. (6), 


whence, 
(8) 
Substituting (8) in (7) gives 


2e kl I % 
«=ain—| (—=-1) +6], (9) 


v ny Hey 
where ag = /s9/I. The expression for a given by (9) may 
be substituted in (5) to give the desired integral, 


easiersiiney anf 


a kl Ip 


H,J(Hz) sin| 


v Ty H B 


Since the recorded magnetization will be sinusoidal along 
the length of the tape, it is sufficient for us to compute 
either the peak value or the rms value of the recorded 
signal. It is less laborious to compute the rms value. This 
is given by 


Mims = V M;* + M2’, (11) 
where 


Ap max 2nfy ( kl Ip % 
M, =a J HzJ(Hz) sin] — —-]1 Jan, 
0 v ry Hz 


Ap max 2nfy kl Ip % 
Mz= a9 f HpJ(H») cos| —— mort) J atte. 
0 v my He 


(12) 
By using Eqs. (12) and the expressions for J(/,) given in 


Fig. 9, the recorded magnetization as a function of fre- 
quency was computed for the two tapes for the bias levels 
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Fic. 10. Calculated relative remanent magnetization as a function 
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listed in Table I. The bias levels were such that for each 
tape about 85% of the distribution was involved for the 
higher bias and about 30% for the lower bias. The values 
chosen for / and y were 2 and 3.2 mils, respectively, and 
k = 12.7 oe/ma. The relative low-frequency level recorded 
in each case is also given in Table I. Figure 10 shows the 
computed magnetization as a function of frequency. The 
curves have been matched at the low-frequency end of the 
scale to show the relative deviations more clearly. 

The derivation given above assumes that the recording 
field is uniform throughout the thickness of the tape coat- 
ing. If this condition is not met, the coating must be di- 
vided into thin layers within which the field is uniform, 
and a computation such as those above made for each layer. 
These results are then summed or integrated to give the 
total remanent magnetization on the tape. The somewhat 
uncertain complication of self-demagnetization has also been 
ignored in the above discussion. 


DISCUSSION 


It is common knowledge that the high-frequency response 
of a recording system is greatest for low bias levels. The 
results of the calculations of the preceding section are in 
accord with experience even though the assumed conditions 
were somewhat idealized. We see that the extent of the 


TaBLe I. 


Relative low- 
frequency 
Bias level recorded level 


(oe) 


276 
215 
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distribution along its axis of symmetry together with the 
gradient of the recording field determine the time required 
for the signal field to sweep across the distribution. The 
longer the time of sweep, the greater the number of cycles 
of signal which are included, and the lower will be the 
remanent magnetic moment in the distribution. The effect 
of a lower level of bias is to limit the extent of the distribu- 
tion which is swept. Hence, the high-frequency response is 
increased but at the expense of the low-frequency response. 
The finite extent of the distribution is responsible, therefore, 
for a form of recording scanning loss. This scanning loss 
is further demonstrated by comparing the response curves 
of the two tapes shown in Fig. 10. The distribution of tape 
B is more extended than that of A, and the high-frequency 
losses are seen to be greater. Measured response curves 
verify this finding. 

In most recording systems other high-frequency losses, 
in particular the playback-gap scanning loss, are more seri- 
ous than the distribution scanning loss in recording. How- 

(Continued on Page 222) 
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The Noise in Magnetic Recording Which Is a 
Function of Tape Characteristics” 


Puritie SMALLER 


Ampex Corporation, Redwood City, California 


A signal which is recorded on magnetic tape undergoes a change in amplitude and frequency 
before it appears at the output of the recording-reproducing system. The magnitude of the change 
can be determined by measuring the AM and FM side bands which are generated in the process 
of recording and reproducing. The tape, as well as the transport design, will influence the side 


band amplitude. 


It is possible to predict the degree of amplitude modulation a recorded signal 


will exhibit by measuring the dc magnetization tape noise. 


INTRODUCTION 


AS THE field of magnetic recording becomes more and 

more refined, the limitations of the recording medium 
itself are becoming evident. It is a generally accepted fact 
that in a tape recorder, operating properly, the audible 
noise generated in the tape itself exceeds that noise gener- 
ated in the record and reproduce systems. 

The modulation noise in magnetic recording also acts to 
degrade the fidelity of a recording. In this instance, both 
the tape and the mechanism for moving the tape influence 
the final results. 


THEORY 


As an aid to understanding the behavior of tape noise, 
it is advantageous to think of the signal at the output of 
the recorder as a sinusoidal signal that has undergone modu- 
lation both in amplitude and frequency by the noise-produc- 
ing sources in the system. These two types of modulation 
can be detected by the measurement of the power spectrum 
of the output signal. The appearance of side bands in the 
spectrum is the result of modulation. Since the noise 
sources have a continuous energy spectrum, one might ex- 
pect that the side bands are also continuous. 

The noise side band whose amplitude is a function of the 
recorded signal level will be termed “modulation noise.” 
The noise which remains when the recorded signal ampli- 
tude is reduced to zero will be called background noise. For 
the purpose of this paper, background noise will refer to 
bulk erased tape in the absence of high-frequency bias. 


* Revised manuscript March 24, 1959. Original paper presented at 
the Tenth Annual Convention of the Audio Engineering Society, 
New York, October 1, 1958. 


Intuitively, one might surmise that amplitude modulation 
noise is caused mainly by irregularities of the magnetic me- 
dium, and frequency modulation noise is caused by irregu- 
larities of motion of the medium. Hence, to understand the 
mechanism of amplitude modulation (AM) noise; it is 
necessary to study the tape characteristics. To understand 
frequency modulation (FM) noise, a study of the behavior 
of tape motion is called for. 

It has been suggested elsewhere'’* that AM noise can be 
correlated with the noise from dc magnetized tape. This 
hypothesis is supported by the following reasoning: The 
magnetic characteristics of the tape are not perfectly uni- 
form due to irregularities in oxide particle density, backing 
thickness, surface smoothness, etc. These irregularities pro- 
duce a divergence in the internal magnetization when the 
tape is dc magnetized; hence, a magnetic field external to 
the tape results. This magnetic field is the source of dc 
magnetization noise. Now, when an ac signal is recorded, 
the same irregularities which gave rise to dc noise will pro- 
duce amplitude modulation of the ac carrier. The degree 
of modulation is found by measuring the side bands which 
appear centered about the carrier at the output of the re- 
corder. 


Background noise is believed to be a function of the 
granular nature of tape and is relatively independent of the 
irregularities which produce dc magnetization noise. For 
this reason, background noise measurements are a poor indi- 
cation of the AM noise characteristics of a tape. Since 


1D. M. Chapin, “Measurement and Calculations of Under Signal 
Noise in Magnetic Recording,” Bell Telephone Laboratory (unpub- 
lished) 1947. 

2 Herr, Murphy, and Wetzel, J. Soc. Motion Pictures Television 
Engrs. 52 (1949). 
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THE NOISE IN MAGNETIC RECORDING WHICH IS A FUNCTION OF TAPE CHARACTERISTICS 


Fic. 1. Block diagram of apparatus used for noise measurements. 


background noise is a property of the tape itself, it is 
reasonable to assume that it could be represented in a funda- 
mental manner which is independent of the means by which 
it was detected. The manner in which this characteristic is 
determined is to measure the noise in terms of an equivalent 
noise remanent flux per (cycles bandwidth) as a function 
of the wavelength of the noise. To arrive at such a repre- 
sentation for background noise, it is of course necessary to 
operate on the voltage appearing at the output of the repro- 
duce system by the tape flux to reproduce output voltage 
transfer function. This should be the transfer function of 
the system for background noise, which may or may not be 
the same as for a recorded sinusoidal signal. 

Frequency modulation noise is caused by the nonuniform 
motion of the tape during recording and reproduction. Since 
we are interested only in the noise which is a function of 
tape characteristics and parameters, we will consider only 
the phenomena commonly referred to as “tape scrape.” 
“Tape scrape” is the longitudinal vibrations of the unsup- 
ported span of tape between the capstan and reel idler (if 
one exists). “Unsupported” is defined in reference to the 
longitudinal vibrations and not to any stationary guides 
that may exist. Any mass, such as an idler which is moving 
with the tape, constitutes a support and is, hence, a termina- 
tion of the span. 

The effect of the vibrations can be analyzed in terms of 
perturbation velocity superimposed on the steady-state 
velocity of the tape. If the vibrations occur in the record 
mode, then a constant frequency sinusoidal signal in the 
record head will produce a recorded signal of varying wave- 
lengths. The resonant frequency of the longitudinal vibra- 
tions is in the range of several thousand cycles per second, 
for a recorder with 12 in. of unsupported tape.t 

An FM analysis of the power spectrum of the recorded 
signal will show dominant side bands at this resonant fre- 
quency. It is important to note that these side bands are 
recorded on the tape and consequently are operated upon by 
the transfer function of the reproduce system in the same 
manner as the recorded carrier is operated upon. Where 
the perturbations occur in the reproduce mode, the situation 
is entirely different. The side bands in this case are not 
recorded on the tape and, hence, are not operated on by the 
complete tape-to-output transfer function. For this reason, 


t The frequency of vibration is given by the expression F = 
(E/D)%/2 L, where E is Young’s modulus for the tape, D is the 
density of the tape, and L is the length of the unsupported tape. 
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FM noise produced in recording must be treated differently 
from that produced in playback if a true representation is 
desired. 


MEASUREMENT TECHNIQUE AND RESULTS 


The equipment used for the major portion of the noise 
measurements is shown in Fig. 1. The two tape transports 
used were the Ampex Model 500 when minimum tape mo- 
tion irregularities were essential, and a Model 350 when 
typical operational characteristics were needed. The Model 
500 has no unsupported length of tape since the record and 
reproduce heads make intimate contact with the tape at a 
point where the tape is in direct contact with the capstan. 

A noise generator was used to establish a transfer func- 
tion for the system for recorded noise. The wave analyzers 
used were a Donner Model 2100 and a Hewlett-Packard 
300-A. The Hewlett-Packard has a sharper frequency se- 
lectivity, but the Donner has a higher frequency range and 
is capable of operation in the presence of a much higher 
carrier signal. 


Background Noise 


The magnitude of tape background noise as compared 
with electronics noise is shown in Fig. 2. The data are 
plotted for noise in one-half octave bandwidths. High- 
frequency bias was used, and the tape was previously bulk- 
erased. The reproduce electronics was unequalized for all 
of the data presented except where noted otherwise. 

The transfer function of the system for recorded signal 
is obtained on the assumption that no losses occur during 
recording, in which case a constant current in the record 
head should create a constant peak intensity of magnetiza- 
tion within the tape at all frequencies and should give rise 
to a constant flux per half-wavelength of recorded signal.* 
The transfer function or frequency response so obtained 
can then be used to correct the background noise output 


w----% High Prequency Biased Tape 
O—o Tank Erased Tape 


b—-<@ Electronics Noise 
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Fic. 2. Tape background noise in % octave bandwidths. 


3 Axon and Daniel, Proc. Inst. Elect. Engrs. (London) 100, Pt. 3 
(1953). 
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Fic. 3. Background noise spectrum of tape at two tape speeds; 
both raw and corrected data. 


signal to obtain a relative measure of the background noise 
flux per half-wavelength as a function of the frequency or 
wavelength of the noise. The only question which remains 
unanswered is whether or not the transfer function for re- 
corded signal is applicable to background tape noise. To 
attempt to answer this question data were taken which 
showed that both background noise and recorded signals 
exhibited gap loss and spacing loss in an identical manner. 
These two losses plus “thickness loss” and eddy current loss 
are shown by Wallace* to account almost entirely for the 
shape of the frequency response curve. “Thickness loss,” 
as defined by Wallace, is the loss in output with respect to 
the 6-db per octave slope, at short wavelengths. That is, 
short wavelength signals recorded near the back side of the 
tape do not contribute as much flux to the playback head 
as long wavelength signals under the same conditions. The 
problem of comparing thickness loss for recorded signals 
and background noise was more complicated since it was 
not possible to locate two tapes made from the identical 
oxide under identical conditions. The closest approximation 
to this was obtained by using two commercial tapes of the 
same oxide but of different thickness and backing materials. 
The results of these tests showed that while the level of a 
long wavelength constant current recorded signal increased 
almost in the same proportion as the thickness, the back- 
ground noise at long wavelengths increased much less than 
predicted. This would imply that background noise does 
not exhibit thickness loss in the same manner as recorded 
signal. Since there was a question as to the identicalness 
of the two tapes, it was decided to proceed first on the 
basis that background noise did exhibit thickness loss, and 
to correct the results so obtained. 

If one proceeds on this basis, then the power spectrum for 
background noise in a constant cycles bandwidth is as shown 
in Fig. 3. If the spectrum is then corrected for the sinu- 
soidal constant current frequency response at the proper 


4R. L. Wallace, Bell System Tech. J. (1951). 
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tape speed, the curves shown as dotted lines will result. 
Since these latter curves have been corrected for the differ- 
entiating characteristics of the reproduce head, as well as 
the other losses mentioned previously, the ordinate is not 
voltage but rather remanent noise flux per (cycles band- 
width)*. When the curves in Fig. 3 are plotted against 
wavelength instead of frequency, the curves shown in Fig. 4 
are obtained. From the similarity in the shape of the two 
curves it is evident that background noise is a wavelength 
phenomenon and the shape of the spectrum is independent 
of speed. 

Figure 4 shows that the noise level at 7.5 ips is approxi- 
mately 3 db higher than the 15-ips curve throughout the 
spectrum. This fact appears paradoxical until one con- 
siders the physical basis of the noise, and the way in which 
it is measured. The wave analyzer is set for a fixed number 
of cycles bandwidth. Assume that the passband of the 
analyzer is set to measure all the noise power between fre- 
quency limits of f; and fe cps. Since the noise power can 
be considered to arise from discrete magnetic fields in the 
tape, one can calculate that for a tape moving at 15 ips all 
the tape noise fields with an equivalent wavelength from 
A; to Ae will generate frequency components in the passband 
of the analyzer. The wavelength bandwidth of the analyzer 
is given by (A2—A;). The magnitudes of A; and Az are 

Ai = (15 ips) /(f1 cps) A2 = (15 ips) /(fe cps). 

If the tape speed is now lowered to 7.5 ips, all the tape 
noise with an equivalent wavelength from 2 A; to 2 Ao, or a 
bandwidth of 2[A2—A,], will generate frequency compo- 
nents in the passband. The rms voltage measured by the 
analyzer is given by 


where n is the number of discrete frequencies (or equivalent 
wavelengths) which are summed. If the bandwidth is suffi- 
ciently narrow that E; can be considered as constant, then 
the expression becomes 


Exms — (n) % E,. 
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THE NOISE IN MAGNETIC RECORDING WHICH IS A FUNCTION OF TAPE CHARACTERISTICS 


Noise at 7-1/2 IPS (Using Simusodial Freq. Response as Correction Factor) 

Noise at 15 IPS (Using Sinusodial Freq. Response as Correction Factor) 
Noise at 7-1/2 IPS (Using Same Correction Factor with Omission of "Thickness Loss”) 
Noise at 15 IPS (Using Same Correction Factor with Omission of “Thickness Loss”) 
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Fic. 5. Noise flux vs. equivalent noise energy wavelength. Curves 
show how elimination of thickness loss from correction factor changes 
shape of spectrum. 


eo 8 lO 200 


Hence, doubling the number of equivalent noise wavelengths 
which are summed by the analyzer by halving the tape 
speed will increase the rms voltage by (2) or 3 db. The 
assumption is made that all wavelength-dependent losses be- 
tween tape and reproduce head are corrected. 

One interesting aspect of the curves in Fig. 4 is the in- 
creasing noise flux at decreasing wavelengths. On the basis 
of tape consisting of a random distribution of particles it 
is not possible to explain why this shape should occur. For 
this reason it was decided to re-evaluate the original hypo- 
thesis that background did exhibit thickness loss. The 
magnitude of this loss is given by the expression’: 

Thickness loss = 20 logio 24(t/A)/1—exp [— 2 (t/A) ] 
db, where ¢ = tape thickness and A = signal wavelength. 

The value calculated is the loss in output with respect to 
the 6-db per octave charactertistic. If the curves shown in 
Fig. 4 are now modified on the basis that background noise 
does not exhibit thickness effect the curves shown in Fig. 5 
will result. In this case the noise flux at decreasing wave- 
lengths does not increase and can hence be represented by 
a physical model. 


Amplitude Modulation Noise 


The dc noise spectrum for three different brands of tape 
for a particular value of direct current in the record head 
is shown in Fig. 6. A wide spread in levels among the tape 


is evident. The high-frequency erased tape noise for the 
same tapes was practically identical. The evidence indi- 
cates that dc modulation noise and high-frequency erased 
tape noise are not caused by the same tape characteristics. 

One cause of low-frequency noise in the presence of dc 
magnetized tape was found to be unevenness in the backing 
material. For example, in Sample No. 3 shown in Fig. 6, 
the rise in noise level between 400 and 100 cps was effected 
by increasing the direct current. That is, increasing the 
current reduced the noise level in the 100-cps region. The 
unevenness of the backing has a tendency to raise the oxide 
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away from the record head so that the intensity of record 
level on the tape in the vicinity of the unevenness is re- 
duced. This variation in magnetization of the tape pro- 
duces an external field which is detected on reproduction. 
If, however, the record current is increased to a high level, 
all the tape is magnetized uniformly regardless of the back- 
ing irregularities. The external tape field is reduced, and 
the low-frequency noise drops in level. Howling® presents 
data which show this peaking of low-frequency noise as a 
function of direct record current, but he attributes it to 
clumping of oxide particles. 

The ac modulation noise spectrum can then be measured 
by recording a high-frequency signal on the tape, and taking 
a frequency spectrum of the reproduced signals. This was 
done for a 10-kc signal at a tape speed of 15 ips. The 
spectrum is shown in Fig. 7 for the case of noise energy in 
the vicinity of the carrier. The data were taken on an 
Ampex Model 500 machine in order to keep FM noise to 
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Fic. 6. The de magnetization noise spectrum for tape samples. 
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a minimum. The fact that the skirts in Fig. 7 are caused 
by AM noise side bands and not FM side bands can be 
proved by linear detection of the reproduced signal. Also, 
if the skirts in Fig. 7 were caused by FM because of tape 
transport motion irregularities, the side bands amplitude 
would be the same for all the tapes; hence, the conclusion 
that the skirts are AM noise side bands. 

If one compares Figs. 6 and 7, it is noted that the tape 
which exhibited the highest amount of dc modulation noise 
also exhibited the highest noise side bands for the case of 
a recorded ac signal. The question that remains to be 
answered is whether the correlation between dc noise and 
AM noise which is indicated by Figs. 6 and 7 will exist 
under all conditions. To answer this, it is necessary to 
examine the record mode and the reproduce mode separately. 

In the record mode, the effect of tape surface or backing 
irregularities is to raise the tape away from the record head 
and hence reduce the effective field at the tape. It was 


5D. H. Howling, J. Acoust. Soc. Am. 28, 977 (1956). 
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Fic. 7. Modulation noise spectrum in close proximity to carrier. 
(Data taken for several different tapes.) 


mentioned previously that in the case of direct current in 
the record head, such irregularities will result in an external 
field from the magnetized tape which is detected by the 
reproduce head as low-frequency noise. In the case of an 
ac signal in the record head, the same irregularities will 
amplitude modulate the effective record field and will 
give rise to low-frequency modulation of the recorded signal 
strength. Similarly, internal magnetic nonhomogeneities in 
the tape will affect dc magnetized tape in the same manner 
as ac magnetized tape. The conclusion to be drawn is that 
tape nonuniformities disturb the record process for a dc 
signal in the record head in the same manner as for an ac 
signal. 

In the reproduce mode, the influence of tape surface or 
backing irregularities varies as a function of wavelength of 
the recorded signal. This means that dc magnetized tape 
is not a representative method of testing for tape irregu- 
larities which have occurred in the reproduce mode. For 
the case of internal magnetic nonhomogeneities in the tape, 
the external noise field which results will be detected by the 
reproduce head, regardless of whether the tape is dc or ac 
magnetized. The only difference is that the magnitude of 
the external noise field will depend on the strength of the 
tape magnetization at the exact point where the nonhomo- 
geneity occurs. In the case of an ac recorded signal, the 
nonhomogeneity may possibly occur at the point on the 
tape where the magnetization is zero, in which case no dis- 
tortion of the external field will occur and, hence, no noise 
energy is measured. Recording sufficiently short wave- 
lengths will, of course, prevent this from occurring. It 
follows from this discussion that in the event the major 
AM noise is introduced in the record mode, there will be a 
good correlation between the noise from dc and ac mag- 
netized tape. A condition can exist where there will not 
be a correlation between dc noise and ac noise if the noise 
is introduced in the reproduce mode. For example, if the 
tape was dc magnetized by the record head and then wound 
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on reels so that distortion or edge curling of the tape oc- 
curred, then, on reproduction, the noise level would be only 
slightly affected by the distorted tape. Under the same 
conditions, an ac signal would be greatly affected. How- 
ever, even in light of the shortcomings mentioned, dc mag- 
netization is a good test of tape quality. 

The problem of separating AM noise which is introduced 
in the record process, from that introduced in the reproduce 
process, is difficult but not impossible. Consider the follow- 
ing sequence of operations. A high-frequency sinusoidal 
signal is recorded on the tape and then reproduced. The 
reproduced signal is passed through a linear detector and 
then an integrator. The noise voltage at the output of the 
integrator is proportional to the noise side bands present 
in the skirt of the reproduced carrier signal. If the repro- 
duce gap is then tilted to null the high-frequency signal at 
the same time the detected noise is measured, the results 
should theoretically be as follows: If the noise was intro- 
duced in the record process by irregularities in the tape 
characteristics amplitude modulating the high-frequency 
signal, then upon tilting the gap to null the carrier the 
noise should remain unchanged in level, since it is inco- 
herent across the width of the tape. The carrier is, of 
course, coherent across the tape and hence can be nulled. 
On the other hand, if the AM noise is caused by irregulari- 
ties in the tape surface or backing which modulate the dis- 
tance between tape and reproduce head, one would expect 
that reducing the carrier amplitude by tilting the gap would 
also reduce the detected noise. 

Experimentally, it was found that for an 8000-cps carrier 
recorded at 15 ips, when the reproduce head was tilted to 
reduce the carrier 20 db, the detected noise dropped only 
4 db. From this, one can conclude that at the frequency 
used, the major portion of the AM noise is generated in 
the record mode either by surface irregularities or by in- 
ternal tape inhomogeneities, and the remaining portion of 
the noise is generated in the reproduce mode. 

The influence of tape surface smoothness on AM noise 
was investigated by means of a power spectrum for two 
tapes on which a high-frequency carrier had been recorded. 
The two tapes were identical with the exception that one 
had a superior tape surface smoothness. The spectrum for 
the two tapes is shown in Fig. 8. The difference in level at 
a particular frequency represents the AM noise energy due 
to surface roughness. 


Frequency Modulation Noise 


The magnitude of the phenomenon of FM noise can best 
be seen by comparing the spectrum for a signal recorded 
and reproduced on a Model 500 with that of a Model 350. 
The resonant frequency for a Model 350 is approximately 
3500 cps; hence, two prominent side bands displaced +3500 
cps from the carrier can be seen. The magnitude of the 
side bands is typical of all professional-type audio recorders 
of similar transport design. 

Figure 9 shows the spectrum taken on the two machines 


2 
200 | 
: ” 
6 1 
- Doaner Wave Analyzer 
- ¢ 40 Cycle Bandeadts 
4 ow 
ee 
; 
. = v 
2 ‘ 
4 = . 
= 4 > N 4 
“i } Z x 
S a -« 4 s 
#1 7 ~~ 
a z ——e ee ; 
* e- wma 
“ ia 
oe 
:: 
a 
ig 2e 9.2 a _ re 
is 
4 
iG 
: ee 
aA 
i 
& 
"a 
it 
Ne 
uw 
“a 
be 
“4; 
Bs 
4 
i. 
a 
«a 
ing 
: 
: 
1 
5 
bi, 
: ee 
3 
ee 


THE NOISE IN MAGNETIC RECORDING WHICH IS A FUNCTION OF TAPE CHARACTERISTICS 
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Fic. 8. Power spectrum in presence of single frequency recorded 
sine wave for two tapes with different surface smoothness. 


for a 7000-cps carrier. The spread in level between the 
two curves at a particular frequency is a measure of the 
amount of noise power introduced by the longitudinal vi- 
brations. The increase in the level of the resonant side 
band peak as a function of carrier frequency is shown in 
Fig. 10. A complete analysis of the scrape flutter phe- 
nomena will show that the ratio of the lower side band am- 
plitude to carrier amplitude increases 6 db every time the 
carrier frequency is doubled, provided that the carrier 
frequency is much greater than the resonant frequency of 
the tape. 

The influence of a pressure pad type of tension system 
can be compared with the same machine using supply reel 
torque to achieve tape tension. Figure 11 illustrates the 
effect of a pressure pad on FM noise. The pressure pad 
not only increases the noise in the region of the tape’s reso- 
nant frequency, but throughout the entire spectrum. That 
is, the pad functions as a wide-band mechanical noise gen- 
erator. 

The problem of separating the FM noise which is gen- 
erated in record from that generated in reproduction is 


'"——« Modulation Noise Spectrum on Model 350 

&--2 Modulation on Noise Spectrum on Model 500 (Corrected for 
Background Noise). 

Qw—O Background Noise on Model 350 
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Fic. 9. Modulation noise comparison between Models 350 and 500. 
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relatively straightforward. Two methods were used success- 
fully. The first involves changing the resonant frequency 
of the tape when going from the record to the reproduce 
mode. On the Ampex Model 350, the resonant frequency 
can be changed easily by holding the reel idler stationary 
in the record mode and allowing it to turn in the reproduce 
mode. When the idler is fixed, the resonant frequency 
drops from 3500 to 2000 cps. The FM side bands gen- 
erated in each mode can then be separated easily with the 
wave analyzer. It should be remembered that the ampli- 
tude of the side bands depends on the location of the record 
and reproduce heads with respect to the ends of the sup- 
ported tape. 

The second method of separating the record from the 
reproduce FM noise is to record the ac signal at one speed 
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Fic. 10. Energy spectrum showing FM side bands for several dif- 
ferent carrier frequencies. (Lower side bands only are shown.) 


and reproduce it at another speed. Take for example, a 
carrier f,, recorded at 15 ips. In this case the side bands 
generated in the record mode would be located at a fre- 
quency of f, + fm, if the tape were reproduced at 15 ips, 
where f,, is the most prominent resonant frequency of the 
tape. If the reproducer speed is lowered to 7.5 ips, the 
side bands generated in record mode will be located at a 
frequency of (f- + fm)/2. The side bands generated in 
reproduce will, however, be located at a frequency of 
(f-/2) + fm. Hence, there is a clear separation of promi- 
nent side bands generated in recording from that generated 
in reproduction. 

As was mentioned previously, the FM noise generated in 
recording is physically located on the tape and hence is 
operated on by the tape to reproduce head transfer function. 
That is, since FM noise from the record mode is coherent 
across the tape, it will experience gap loss as well as spacing 
loss. In fact, if the FM resonant frequency is sufficiently 
high so that there is a wide frequency spread between the 
carrier and first-order side band, it is physically possible to 
tilt the reproduce head so that the recorded carrier is nulled 
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while the side bands (generated in record) are reproduced 
with no attenuation. 

The side bands generated in reproduction are not physi- 
cally located on the tape and cannot be expected to behave 
the same as record mode side bands. The reproduce mode 
side bands themselves do not experience gap loss and spac- 
ing loss. One might deduce that most of the high-frequency 
FM side bands would be from the reproduce mode. This 
fact was confirmed experimentally. It is entirely possible 
that a tape recorder is capable of producing FM noise at 
frequencies much greater than predicted by the complete 
record-reproduce frequency response. That is, a machine 
that has poor high-frequency response because of dirty 
heads, tilting reproduce gap, or poor tape high-frequency 
response, can still generate high-frequency FM noise in the 
reproduce mode which will be heard at the output of the 
recorder. 

From a consideration of the theoretical aspects of FM 
noise, one arrives at the conclusion that if a constant fre- 
quency signal is recorded at various tape speeds, the ratio 
of the carrier-to-noise side band amplitude should in- 
crease as the speed increases. Experiments showed that 
the ratio increased to a much lesser degree than predicted. 
To explain this discrepancy, a study of the magnitude of the 
frictional force existing between tape and heads as a func- 
tion of tape speed was made on the Ampex Model 350. The 
tests were made over a range of tape speeds from 7% to 60 
ips. It was found that the friction forces increased with 
increasing tape speed in sufficient amount to explain the lack 
of improvement in FM noise at the higher tape speeds. 


CONCLUSIONS 


By representing the background noise spectrum on a scale 
of noise remanent flux per (cycles bandwidth) vs. wave- 
length, one obtains a noise spectrum which is independent 
of the reproduce system characteristics. Hence, by measur- 
ing the noise spectrum under one particular operating con- 
dition, the spectrum under any condition can be predicted. 


PHILIP SMALLER 


On the basis of the hypothesis that background noise and 
recorded signal have the same reproduce system transfer 
function, a noise spectrum which had no simple physical 
interpretation was derived. When the spectrum was modi- 
fied on the basis that background noise did not exhibit 
thickness loss, the results were physically realizable.+ 

While the magnitude of background noise is relatively 
constant from one tape to another, the magnitude of noise 
from de magnetized tape varies greatly. It is believed that 
dc magnetization noise is a more sensitive indicator of the 
general quality of a tape. Such characteristics as surface 
smoothness, backing irregularities, and internal inhomo- 
geneities, which produce only a second-order effect in the 
case of background noise, have a first-order influence in 
the magnitude of dc magnetization noise. 

It has been shown that AM noise can be introduced either 
in the record mode or reproduce mode. In those instances 
where the major portion of the AM noise is introduced in 
the record mode, there will exist a correlation between dc 
demagnetization noise and ac amplitude modulation noise. 

Frequency modulation of the recorded signal can occur 
from longitudinal vibrations of the tape. The use of pres- 
sure pads serves to accentuate the amplitude of the vibra- 
tions. To evaluate the behavior of FM noise, it is neces- 
sary to first determine if the noise was generated in the 
record or reproduce mode. 


t Another possible explanation of the apparent increase in noise 
energy at short wavelengths is losses in the recording process. That 
is, if recording losses are considerable at short wavelengths, the sinu- 
soidal frequency response curve does not represent the reproduce 
signal level for a recorded signal of constant magnetization at all 
wavelengths. If this frequency response curve is used to correct the 
raw noise data an apparent increase in noise energy at short wave- 
lengths will occur. ‘ 
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Magnetic Tape Recording with Longitudinal 
Or Transverse Oxide Orientation” 


RicHarp F. DuBBE 


Minnesota Mining and Manufacturing Company, St. Paul, Minnesota 


A comparison of the performance of magnetic tape when the recording field is in the same 
direction as, or perpendicular to, the oxide particles as encountered in magnetic disc or video 


recording. 


INTRODUCTION 


ie 1951, Minnesota Mining and Manufacturing Company 

introduced oriented magnetic oxide coatings on their No. 
111 magnetic tape. Since that time, oriented magnetic tapes 
have won almost universal acceptance due to their superior 
recording characteristics. The gamma-ferric oxide particles 
employed are acicular or needle-shaped, being approximately 
a micron in length and 0.2 » in width. A common method 
of aligning these particles is to pass a wet or fluid magnetic 
coating, consisting of the iron oxide particles suspended in 
a plastic binder system, through a magnetic field. When 
the coating is dried, the particles are immobilized and re- 
main in their aligned state. 

When an oriented magnetic tape is recorded by a mag- 
netic field that magnetizes the particles in their lengthwise 
direction, a considerable improvement in remanent induction 
is obtained compared to magnetizing the particles in a cross- 
wise direction as shown in Fig. 1. 

When the particles are randomly oriented, the remanent 
induction falls between that obtained by crosswise or length- 
wise magnetization. 

The improvement in remanent induction along with an 
increased slope of the magnetization curve makes possible 
better low and high frequency output on oriented tapes with 
lengthwise recording, however, at the present time, at least 
two magnetic recording applications do not permit magnetiz- 
ing the particles in their lengthwise direction. The applica- 
tions are (1) magnetic disc recording, and (2) the sound 
track on video tape recording. 

Magnetic disc recording generally uses sheets of mag- 
netically coated paper or plastic cut into disc form, or metal 


* Presented October 1, 1958 at the Tenth Annual Convention of 
the Audio Engineering Society, New York. 


discs coated with magnetic dispersion. Applications include 
rapid access memory in computors (IBM Ramac system), 
geophysical recording (many parallel tracks recorded for a 
disc revolution), or even some sound recording applications 
where accessibility is more important than recording time. 
While it would undoubtedly be possible to align the oxide 
particles in a concentric fashion on disc coatings, to this 
writer’s knowledge the only practice now employed is to use 
randomly oriented particles in magnetic disc applications. 
While the magnetic performance is lower than that possible 
with oriented coatings, the applications are generally non- 
critical and the over-all performance is satisfactory. 


In video recording, the utmost capabilities of the tape are 
required, especially at high frequencies (short wavelengths). 
Figure 2 shows the general configuration of the video re- 
corders now in use throughout the country. The video sig- 
nal is recorded by four magnetic heads mounted on a drum 
rotating at 14,400 rpm. The drum scans or records the tape 
across the tape’s width. The control track and sound track 
are recorded along the tape’s length as in a conventional re- 
corder. To obtain the maximum performance of the video 
signal, the oxide particles are oriented transversely on Scotch 
Brand No. 179 video tape (or perpendicular to the tape’s 
edge). The orientation employed on sound recording tape 
is longitudinal, with the oxide particles aligned parallel to 
the tape’s edge. Since the sound signal is recorded sepa- 
rately along the video tape’s edge, it will record the particles 
crosswise and the sound quality will be somewhat sacrificed 
for the benefit of the video signal. The remainder of this 
paper will attempt to evaluate the performance of this sound 
channel. To reduce confusion, the oxide orientation will be 
referred to as longitudinal or transverse, with respect to the 
tape. The recording direction with respect to the oxide 
particle will be lengthwise or crosswise. 
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Fic. 1. Remanent induction curves of magnetic tape showing the 
effect of particle magnetization. 


TEST METHODS AND RESULTS 


The tape used for the following tests is Scotch Brand No. 
179 video tape with transverse oxide orientation. The tape 
was slit from its normal 2 in. width to % in. so that it could 
be tested on conventional professional recording equipment. 
When tested in this manner, the recording is crosswise to 
the oxide particles and gives results similar to the perform- 
ance of the sound track on the video tape recorders. 

For comparison purposes, 4-in. samples were slit across 
the coated web (originally 2 ft in width) and were spliced 
together. These samples then will record lengthwise on the 
oxide particles and give information on the video recording 
characteristics of the tape. The basic magnetic information 
was obtained in an hysteresis curve tracer or B-H meter. 

Sensitivity 

Sensitivity is a measure of the tape’s output for a given 
fixed input level. It is usually measured at a relatively low 
recording level to insure recording on the magnetic tape’s 
linear characteristic and to avoid the effects of distortion. 
Sensitivity measured for a range of frequencies as a function 
of bias current will predict the tape’s performance under 
most recording conditions. This information for the No. 
179 video tape is given in Figs. 3, 4, and 5. 


Fic. 2. Commonly used method of recording video information on 
2-in.-wide magnetic tape. 


RICHARD F. DUBBE 


Low-Frequency Sensitivity 


The 500-cps sensitivity (30-mil wavelength) of the sound 
track (crosswise) is shown in Fig. 3 to be 6 db lower than 
the sensitivity in the lengthwise or video direction at peak 
bias.t One would expect a reduction in the sensitivity when 
recorded in the crosswise direction due to the decreased 
slope of the magnetization curve (Fig. 1). Since the slope 
in the crosswise direction is approximately half that in the 
lengthwise direction, the 6-db loss in sensitivity is well- 
verified. 

Also, this curve shows the center of the linear magnetiza- 
tion region to occur at a higher peak field intensity for the 
crosswise recording which would indicate the need for 
greater bias current during recording. The center of this 
region for the lengthwise direction occurs at about 280 oe; 
whereas, for the crosswise direction it is at 350 oe. This 
ratio is almost identical to the increase of from 4.25 to 5.25 
ma in peak bias current shown in Fig. 3. Occasionally, 
writers in the field have proclaimed the advantages of a 
“broad bias peak” such as shown by the sound track’s 
curve; however, if one plots the two curves as a percentage 
of peak bias, they will be almost identical except for their 
amplitude displacement. 
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Fic. 3. Output vs. bias at 500 cps (30-mil wavelength). 


High-Frequency Sensitivity 


Several factors that affect the sensitivity and output of a 
magnetic tape at high frequencies (Fig. 4) are: surface 
smoothness, coercivity, slope of the magnetization curve, 
and oxide orientation. Since the surface of Scotch Brand 
No. 179 video tape is extremely smocth and is identical on 
the samples tested, its effect on the sensitivity in lengthwise 
versus crosswise recording can be neglected. Surprisingly, 
there is not a great change in coercivity for the two record- 
ing directions—255 oe in the lengthwise, and 235 oe in the 
crosswise (sound) direction. While a high coercivity is de- 
sirable, to reduce the demagnetization effects from close 


t Peak bias is that bias field or current that gives the maximum 
output for a fixed input level. 
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MAGNETIC TAPE RECORDING WITH LONGITUDINAL OR TRANSVERSE OXIDE ORIENTATION 
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Fic. 4. Output vs. bias at 15 kc (1.0-mil wavelength). 


proximity of adjacent poles, higher coercivity tapes require 
higher bias currents which broaden the region in which the 
recording takes place as shown in Fig. 6. We can thus 
expect a short wavelength loss in output in the crosswise 
direction due to its higher bias requirement. 

Probably the greatest loss at short wavelength is due to 
the low slope of the magnetization curve in the crosswise 
direction. From Fig. 7, it is desirable to have the magneti- 
zation of the tape take place in the shortest time possible. 
To do this, Area II in which magnetization occurs should 
be as short as possible. Area I has insufficient field strength 
to magnetize the tape. In Area III the tape is saturated. 
If Area II is broad, the recording signal will change phase 
and even reverse polarity before the tape is moved from this 
magnetizing region. When recording in the lengthwise 
direction, the magnetization curve is quite steep and Area 
II is quite short. The tape is then rapidly magnetized per- 
mitting it to leave the reversing field before demagnetization 
takes place. 

An interesting phenomenon that occurs at short wave- 
lengths is the effect (or lack of effect) of oxide orientation. 
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Even though there is over 7 db difference at the 0.5-mil 
wavelength output (Fig. 5) between lengthwise and cross- 
wise recording at low bias fields, the curves almost coincide 
at high bias currents. This effect is shown to a lesser degree 
in Fig. 4. If we examine our model recording head and 
field (Fig. 7), we note the direction of magnetization be- 
comes more and more vertical with increasing field intensity. 
If the oxide particles are all oriented in planes parallel to 
the tape’s surface, all recording will be crosswise to the 
particles at high bias fields, regardless of the direction of 
the particles in their plane. 

If the particles are recorded in the lengthwise direction, 
and are not aligned parallel to the tape’s surface but are 
tipped, one will obtain better high-frequency performance 
when recording the tape in one direction than in thé other 
even though both directions record lengthwise. Several 
magnetic recording tapes have shown imperfect alignment 
of the particles by exhibiting different frequency response 
depending on which direction the tape is recorded. This 
effect is again due to the recording field magnetizing the 
tape at an angle, especially at short wavelengths. 


Tape Motion 
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Fic. 6. Magnetic field intensity about an infinitesimal recording slit. 


Output 


The output for the two recording directions is given in 
Fig. 8 as a function of bias. The output for 1% harmonic 
distortion in the lengthwise direction is about 7 db greater 
than in the crosswise direction. The output for a given 
distortion is probably largely determined by two character- 
istics: (1) the tape’s total remanance (¢r) and (2) the 
length of the linear region of the tape’s magnetization curve. 
The ¢r in the lengthwise direction is 0.68 maxwell; whereas, 
in the crosswise direction it is 0.44 maxwell. The linear 
recording region of the magnetization curve for the crosswise 
direction is quite short (Fig. 1). If the magnetization curve 
is used to plot a transfer characteristic in a manner similar 
to class B amplifier analysis (this method is only a crude 


eee |__| 
Sh 
42 
40 
ae 
je Fart ; 
ee 7 
es 
44 | 
42 é 
o+ | 
38 
36 ge = ~ 
34 fi he 
32 || i 
| S 5 6 7 


af ee een Pee le ee al ae 


ot pee te eee! 1 5 ad iere 


Se ee 


reise Ue 


SIRT Cr en nee Es 


Pe ta ee ae 
ND ha nee ‘ 


Pax 
27 eae: 


REMANENT 
INDUCTION 


800 1000 
Peak Fieco INTENSITY 


Fic. 7. Enlarged view of recording field. Induction vs. peak mag- 
netizing field for a typical tape coating. 


approximation, at best, and neglects the geometric effects of 
recording and playback), one obtains a difference in output 
of approximately 6 db. Also, one obtains a bend in the 
slope of the crosswise direction transfer curve which could 
account for the peculiar rise in output at low bias currents 
which does not occur for the lengthwise direction. 


TABLE I. 


Lengthwise (db) Crosswise (db) 


de modulation noise 56.5 55.5 
signal-to-noise ratio 

Machine erased and biased 60.5 55.5 
tape signal/noise 

Bulk erased tape signal/noise 63.5 56.5 


Noise 


The noise for the two recording directions was measured 
in three ways as shown in Table I. The signal level for 
these tests was taken as 3% odd order harmonic distortion. 
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Fic. 8. Output for 1% harmonic distortion at 500 cps (30-mil 
wavelength). 


RICHARD F. DUBBE 


The noise was measured using a 500-cps high-pass filter to 
eliminate hum components. The dc noise test uses a direct 
current in the record head equal to the rms value of the ac 
current required to produce 3% distortion. While the out- 
put in the lengthwise direction was 7 db higher, its modula- 
tion noise was 6 db higher than in the crosswise direction. 
This similarity in dc signal-to-noise ratios should be ex- 
pected since the surface irregularities of both samples are 
identical and the modulation noise should be proportional 
to the signal. However, in a typical recording situation, 
where background noise is the main problem, the signal-to- 
noise ratio of lengthwise recording is seen to be at least 5 
to 6 db better than in the crosswise direction. 


Layer-to-Layer Signal Transfer 


The signal-to-print ratio was measured for the two re- 
cording directions as shown in Table II. The measurements 


TABLE IT. 


Lengthwise (db) Crosswise (db) 


Relative signal level at 3% 61.5 55.5 
distortion 

Relative print level 12.0 6.0 

Signal-to-print ratio 49.5 49.5 


were made at 150°F for four hours according to the Navy 
Bureau of Ships WT0061 specification. 


SUMMARY 


While the performance of the tape’s oxide when recorded 
in the crosswise direction is definitely not as good as when 
recorded lengthwise, the quality of the sound channel on 

(Continued on Page 216) 
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Evolution of a Successful Spring -Driven, Broadcast-Quality 
Tape Recorder® 


ALBERT C. TRAVIS, JR. 


Broadcast Equipment Specialties Corporation, Beacon, New York 


The intricacies of adapting spring phonograph motors to tape transport applications, and the 
use of subminiature dry-battery record-reproduce amplifiers throw into focus some of the more 
obscure problems of tape machines and their somewhat unorthodox solutions. Described are char- 
acteristics of flyweight governors, a transport wherein the take-up drive is inherent in the tape 
drive, effects of curved tapes on open flange winding, a mechanical wow and flutter filter, and a 
method of judging the frequency response fidelity of any given microphone-amplifier combination. 


INTRODUCTION 


HE SELF-POWERED tape recorder is of engineering 

interest somewhat more as a scientific curiosity than as 
a consumer product. The market for self-powered machines 
seems to be largely confined to the broadcasting industry 
with fringes of missionaries, researchers, and motion picture 
producers. The problems of the little machines are knotty, 
while the budget for solving them is limited by the small 
economic potential. Generally speaking, prospective buyers 
expect a studio machine in a small box at one-tenth the usual 
price. They anticipate sound-stage results on the desert in 
a windstorm. They want to “jeep” it, safari it, freeze it, 
and roast it. They want it to operate on one flea power 
and be tireless and indestructible. 

To the designer, these requirements are a challenge that 
offers broad opportunity for experimentation because there 
are so few set rules as to what is acceptable. As a result, 
in our case we came up with a somewhat radical machine 
that achieved wide acceptance in its small specialized field. 
It all started nine years ago with a compulsion to offer 
radio station programing and news departments a special 
type tape recorder best described as “walkie.” First, we 
took stock of the possibilities of a tape transport that would 
perform without benefit of the munificent ac cord. This, 
of course, was not a new idea. The dc motor and wet bat- 
tery approach had long been used but had become unpopu- 
lar because of the tedious maintenance problems associated 
with commutators, vibrators, and battery acid gravity. 

It occurred to us that the old crank-up phonograph motor 
might be a “natural.” Surely, such a power plant, we 


* Presented October 1, 1958 at the Tenth Annual Convention of the 
Audio Engineering Society, New York. 
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thought, capable of rotating a 12-in. shellac record under a 
heavy acoustical pickup should be able to pull a flimsy 
ribbon of tape over a magnet. Right or wrong as this con- 
jecture may have been, we will, for want of space, limit 
ourselves in what follows to the spring motor approach to 
the self-powered recorder problem. The effectiveness of 
other solutions we must leave to the judgment of posterity. 


MOTION OF SPRING MOTORS 


Far from being passé, as might be expected, spring phono- 
graph motors are available in abundance. Such manufac- 
turers as The Thorens Company of Switzerland produce a 
dozen-odd models. Apparently, they sell in world-wide 
unelectrified hinterlands in surprising numbers. The prin- 
ciple, of course, is that of coiling up a spring-steel ribbon 
inside a drum, tighter and tighter until one coil is almost 
solid to the next. Freeing the ribbon to uncoil, of course, 
releases the energy. 


The governor is the key to all musical applications of 
spring motors. The governor used is simply a miniature 
version of the flyweight steam-engine throttling governor. 
The larger the orbit diameter of the flyweights, the more 
throttling. With this arrangement, an approximately con- 
stant speed can be achieved. As with many control devices, 
the major problem associated with the flyweight governor is 
“hunting.” It appears that at least a century of develop- 
ment has gone into spring motor governors without benefit 
of a radically better design. In other words, the ones fur- 
nished with the motors seem to be something less than pre- 
cision devices; yet they work surprisingly well. 

Inevitably, however, one decides to try to build a better 
one. As a result he finds out, for instance, that if one bal- 
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ances the whole assembly statically and dynamically, he 
may get poorer governing than from a somewhat unbalanced 
assembly. It is somewhat akin to vibrating deliberately an 
aircraft instrument panel so that the instruments will “un- 
stick” and give more accurate readings. An unbalanced 
assembly, however, on a tape machine may reduce wow but 
simultaneously increase flutter. A compromise is therefore 
necessary. Here is how we reached it. 

The weights fly out against a spring tension. Our experi- 
ence has shown that if the tensions “feel” about equal, the 
governor will perform well. Fortunately, 78 rpm phono- 
graph motor governor speeds are around 1100 rpm, a speed 
which makes the weights strobe under a 60-cy fluorescent 
light. Adjusting the governor to a dead stop strobing effect 
for test discloses the degree of “hunt” and seems to be the 
most practical criterion of satisfactory performance, more 
elaborate scientific evaluation to the contrary notwithstand- 
ing. If better explanations of governor phenomena are 
available from the manufacturers, they must get lost in 
translation from the French. We cannot get them. Seven 
years of educated guessing on our part, however, have shown 
that simply adjusting flyweight spring tensions by feel and 
checking for hunt have proved to be the most rewarding 
tune-up method. 

At best, nevertheless, well-adjusted governors still gener- 
ate flutter to a degree that requires countermeasures else- 
where, even for satisfactory voice recording. 


FLUTTER DAMPING IN SPRING MOTORS 


The manufacturers of spring phonograph motors them- 
selves provide the first countermeasure, a fact which shows 
that the problem existed long before tape recorders used 
spring motors. They key the governor driving gear to the 
turntable shaft (capstan-shaft for tape machines) through 
a springy key consisting sometimes of a short spring wire, 
alternately a rubber member. Thus, jerky governor rota- 
tion will not be fully transmitted back to the shaft. What- 
ever readily audible flutter remains is apparently absorbed 
by the turntable and the considerable drag of the heavy 
acoustical pickup when the motor is used for a phonograph. 

The turntable itself would, of course, have been counter- 
measure number two. Because, however, a walkie tape ma- 
chine has limited space for a large slow-turning flywheel 
corresponding in mass to a turntable, one resorts to a 
smaller but heavier wheel. A six-inch spoked iron wheel 
with most of its 114-lb weight in the rim turned out to be a 
reasonable compromise for the Tapak. The motion, how- 
ever, was not quite good enough for serious music. Another 
manufacturer of spring-driven recorders resorted to an ex- 
ternal 32-lb wheel. The motion thus obtained was superior 
but was, of course, a compromise with light weight and tape 
handling convenience. 

The third countermeasure against flutter is the holdback 
brake. The more holdback, the less audible flutter is the 
general rule. To employ anything like the holdback used 
in electrically powered tape transports would be out of the 
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Fic. 1. Tapak magnetic recorder. 


question because of the comparatively feeble torque deliv- 
ered by the spring motor. In practice, however, the most 
holdback that could be used without upsetting governor 
stability proved to be that which imposed just enough motor 
loading to result in a noticeable motor slowdown as seen 
stroboscopically, about in the order of 1 or 2%. This hold- 
back tension must be adjusted-in with the motor near run 
down when the torque is least and the supply reel tape di- 
ameter smallest; otherwise the drag might be too severe 
when these two extreme conditions happened to be encoun- 
tered simultaneously. 


MAXIMUM TORQUE FROM A WEAK SOURCE 


Since it seems to be generally recognized that motion is 
improved by strong holdback of the supply reel, and since 
a spring motor lacks the power to provide good motion 
under heavy loads, it seemed prudent to try to find a take-up 
drive that was miserly of power. A drive might be con- 
ceived that would permit maximum holdback for a given 
torque simply by eliminating the conventional slipping 
clutch or belt which is a continuous drag on the power 
source. The slow rotation of the motor (78 rpm) seemed 
to make a direct take-up drive-tape drive combination pos- 
sible. The following paragraphs describe how it was worked 
out for the Tapak recorder (see also Fig. 1). 

A “capstan” a little smaller than two inches in diameter 
provides a peripheral velocity of 7142 ips (extra diameter 
over and above calculated diameter is provided to compen- 
sate for a small constant slippage factor) at 78 rpm. This 
wheel is mounted on the turntable shaft of the spring motor. 
A rubber-tired idler wheel like a rim-drive, electric turn- 
table idler bears against the capstan and thus acquires a 
peripheral velocity of 74 ips from frictional contact. The 
idler in turn drives the hub of the take-up reel which is 
spring-loaded to bear against it. When the tape has been 
threaded one turn or more deep around the reel hub, the 
idler bears against the tape instead of directly on the hub. 
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EVOLUTION OF A SUCCESSFUL SPRING-DRIVEN, BROADCAST-QUALITY TAPE RECORDER 


The idler, therefore, drives the wrap-around-the-hub action 
of the tape which provides at once both the transport mo- 
tion and the storage of the “used” tape. To provide for 
increasing tape diameter, the take-up reel is free to move 
away from the idler against a relatively constant spring 
resistance. 

In order to keep the mechanism simple, the take-up reel 
shaft is carried on ball bearings held by a swinging arm 
pivoted outboard of the reel, and the shaft is free to move 
in an arc through a slot in the deck. There are at least two 
obvious objections to such an arrangement. One is that G 
loads might affect the spring loading of the hub and tape 
against the idler. The other is that unless the idler runs on 
a bearing of almost zero thickness and is very thin itself 
there is no room for a front reel flange. 

The first problem is solved to all practical purposes by 
counterweighting the swinging arm so that it is so nearly in 
static balance that the spring maintains control regardless 
of the attitude of the equipment, weight of tape on the reel, 
or G forces to be expected in mobile use. The iron counter- 
weight is a casting fastened to the swinging arm on the 
opposite end from the reel shaft. Approximate balance is 
adequate up to about two G’s, which is well beyond expecta- 
tion in use. 

The second problem is knottier. It may well be remem- 
bered that there was a time when some big-name profes- 
sional tape machines did not use reels. Instead tapes were 


handled on more or less horizontal platters with hubs. Tape 
manufacturers offered 2500-5000 ft on hubs without flanges. 
With careful handling, these supplies could generally be 
loaded onto the turntables without spillage. Clever packag- 
ing helped. Occasionally however, in operation, tape would 
refuse to lie in flat coils and would instead climb up into 
cones which would ultimately become wobbly and finally 


disintegrate into all but hopeless snarls. Still at the time 
of our designing, platter machines were top quality, and the 
voices of criticism were still faint. 


We, therefore, felt safe acceptance-wise in embracing the 
compromise of no front reel flange and our Tapak drive 
simply wound tape on an open hub. Most of the time the 
tape would take up in a beautiful “pancake,” but occasion- 
ally a fat cone would be produced for no apparent reason. 
If noticed in time, the tape might be rewound and started 
again, but, if neglected, the cone might come apart. Owners 
of early Tapaks sometimes asked us if “coning off” was 
standard procedure almost to the point of embarrassment. 
The effect of such dissatisfaction was to prod us into re- 
search on tape winding behavior well beyond the ordinary 
call of duty. We could not, indeed, restore the front flange, 
but maybe we could prevent the need for it. Anyway, we 
had to have answers. We got many. These answers may 
be common knowledge to old timers in tape machine design, 
but because we do not see them in print, we suspect that 
they may be useful rules of thumb to others. 
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CURVED TAPE 


Apparently all tapes are not straight ribbons. In manu- 
facture, oxide is coated onto plastic sheet stock at least six 
inches wide and often much wider. A slitting machine con- 
verts the wide product into many tapes which are simul- 
taneously wound onto reels. Plastic reels, however, are 
slightly more than twice as wide over all as the tape wound 
on them. A six-inch wide “belt” of coated stock, for exam- 
ple, makes 22 tapes (the outside two are discarded because 
of edge defects). The twenty-two reels to wind the tapes 
on as they are slit may be threaded onto one motor-driven 
shaft, and they spread across, not six inches, but nearer 
fourteen. Thus, tapes slit from the outboard areas of the 
six-inch belt may have to curve outward sharply to wind 
onto their reels, and the pull of the reels which may repre- 
sent a portion of the pulling power for the slitter may be 
applied at an angle. 

Tapes slit in this manner may be ribbons with one short 
and one long edge, and they may have an inherent tendency 
to cone when wound in a pancake. Fortunately, this prob- 
lem seems to have been recognized by most manufacturers 
and corrected at the source so that in the last few years few 
curved tapes are being encountered in the field. 


CURVED DECKS 


In the Tapak design the face plate, panel, or deck as one 
chooses to call it, is the chassis. It consists of a %-in.-thick 
sheet of 24ST aluminum alloy. It is sheared to a size of 
about 14 by 10 in. by the supplier. 


Designing the transport around this chassis, it seemed 
logical to make all tape guides, reel mounting pads, record 
head, and erase magnet spacings an equal standoff distance 
from the panel in order that the tape should travel in a true 
plane from supply to take-up. This concept as it turned 
out is only theory. Aluminum plates, sheared or unsheared 
to size, are anything but flat. To correct for bend, warp, or 
twist one straightens the plates as best one can. 


To make the tape behave correctly thereafter, it is still 
necessary to “give it its head” a little, make tape guides 
that are well away from the head extra wide, and above all, 
on low-powered transports never force the tape into a de- 
sired path by edge guidance alone. The tape will only rebel 
with wrinkling which can cause poor head contact and 
“drop-outs” in spite of a pressure pad. 


Tape seems to have the strength of steel in fighting any 
effort to bend it edgewise. Our experience has been to 
experiment with flangeless guides until the tape “flows” 
without ripples, then put the flanges where they only 
“nudge” the tape occasionally. With these methods, maxi- 
mum head contact can be obtained with minimum pad pres- 
sure, certainly a desirable set of circumstances for ultra- 
low-torque transports. The results of such experimentation 
have, of course, established over a period of time “unflat” 
panel tolerances and dimensions for wide-latitude tape 
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guides that permit production recorders to meet performance 
standards with a minimum of individual tuning up. 

Once the reasons for bad winding up on the take-up reel 
were found and corrected, the Tapak drive turned out to be 
not only highly acceptable but also as miserly of power 
consumption as was hoped. Another brand of spring-driven 
recorder using the same model spring motor as the Tapak, 
but a conventional slipping belt take-up drive needs re- 
cranking at five-minute intervals compared to eight minutes 
between crankings with the Tapak. The idler drive worked 
out in such a way, too, that all frictional engagement was 
automatically released whenever the motor control was set 
to stop or when shifted to rewind; thus “flats” on the rub- 
ber tire were never a problem. 


MOTION PROBLEMS 


Whatever may have been good about the Tapak drive, 
the worst of it was that the wow and flutter varied with 
the strength of the frictional engagement between idler and 
capstan, the slipperiness of the rubber tire, the concentricity 
of the take-up reel hub, and a mysterious factor or com- 
bination of factors which still elude analysis. There were, 
as with most equipment, very good machines and not so 
good machines. All were capable, however, of doing the 
work for which they were intended, primarily voice record- 
ing. Dozens of approaches were tried over the years to 
improve the motion. Everyone failed completely until we 
made a fortunate association with Colonel Richard Ranger, 
past president of the AES and possessor of an Oscar for a 
tape-picture sync system. Colonel Ranger is also the manu- 
facturer of Rangertone equipment. 

Colonel Ranger had modified several Tapaks for motion 
picture sound work where the equipment must be highly 
mobile in a walkie manner. Having thus become acquainted 
with the drive, he suggested the use of a tape-driven fly- 
wheel turning at a fairly high speed as a possible way to 
improve motion. We offhandedly deprecated the idea on 
the grounds that there was no space available for any such, 
as we conceived it, massive device. We could in fact see 
no space for a wheel larger than two inches in diameter. 
Colonel Ranger felt that even so small a wheel had possi- 
bilities. 

As good fortune would have it, the only space available 
for a wheel either in back or on front of the deck was at a 
point along the tape travel just short of the head. To drive 
the wheel pulley, moreover, the tape would have to back- 
track on itself. Such a reverse turn would give about 190 
deg of wrap around the wheel pulley. 

The net result was that we made a two-inch solid brass 
wheel running on instrument ball bearings at about 450 rpm 
driven entirely by the tape. A live idler pulley consisting 
of two flanged instrument ball bearings of 5/16-in. outer 
diameter gave the tape the reverse bend necessary for the 
wrap. The idler is as near a perfectly true running pulley 
as can reasonably be attained because the tape simply runs 
on the outer bearing races themselves and is contained be- 


tween the two flanges. The whole assembly of flywheel and 
idler add no measurable drag once the tape is up to speed. 
With “gyro drive,” as we call it, one simply waits an extra 
two seconds before starting to record to be sure the tape 
is up to speed. 

As it turns out, a larger and heavier version of a tape- 
driven flywheel has long been the key to the fine motion of 
Rangertone recorders. After our earlier failures, it was im- 
pressive to be able to use this device in smaller form to 
make the motion of the good and the not so good machines 
as one, to be able at so small a cost in bulk and weight, to 
make spring-driven machines record and reproduce the most 
difficult subjects: concert, organ, or celesta. 


FREQUENCY RESPONSE 


With wide range as our early goal, we developed a dry 
battery powered recording amplifier which had a bass boost 
circuit. It made middle-register announcers sound like 
Norman Brokenshires and seemed especially flattering to all 
male voices. It almost immediately turned out, however, 
to have a great weakness in the field. It was also flattering 
to truck exhausts. Man-on-the-street broadcasts were “frac- 
tured” by the various kinds of interference often common 
to recording in unprepared surroundings. Study of the most 
obnoxious kinds of interference showed them to be largely 
of a bassy nature. Recordings at airports, on board air- 
craft, boats, and even buses were dominated by the machine 
noises, and voices were almost blocked out until bass re- 
sponse was cut. Owner complaints of frightful distortion 
stopped when we tapered off the response below 250 cy 
and dropped off sharply at 100. A further reason for the 
apparent desirability of the chopped lows is that when 
interference is strong, the announcer talks closer to the mi- 
crophone. It is a well-known matter that close talking 
accentuates the bass. Some microphones, in order to restore 
balance under such conditions, incorporate a “close-talking” 
switch which cuts in a high-pass filter. 


LIMITED LOWS 


The discovery that limited lows were actually desirable 
for field work was a great boon. It permitted the use of 
standardized, printed-circuit amplifiers with remarkably low 
battery-power requirements, amplifiers already standardized 
for the hearing aid market. (Heavy bass response is appar- 
ently undesirable in hearing aids too.) The use of such 
amplifiers, purchasable on the open market, so reduced bat- 
tery consumption that we felt some of the saved current 
could now justifiably be consumed in an output stage to 
drive a loudspeaker. Earlier machines had played back 
only to a headset. 

Thus, with a dry battery life of at least fifty average re- 
cording sessions, we added a 3V4 tube, output transformer, 
and 4X 6 in. builtin speaker which was automatically 
switched in on playback (only). Later, we left the output 
stage hooked up with the recording amplifier at a point past 
the head in order to drive a 1%-in. VU meter. With this 
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EVOLUTION OF A SUCCESSFUL SPRING-DRIVEN, BROADCAST-QUALITY TAPE RECORDER 


arrangement, the Tapak became a battery-powered line- 
preamplifier as well as a recorder-reproducer. A double- 
secondary output transformer was used to provide both 
voice coil output and a 600-ohm output suitable for feeding 
telephone line terminations. 


LIMITED HIGHS 


It is, of course, not especially difficult to build an audio 
amplifier that can handle frequencies well up to the top 
limits of audibility in a reasonably linear manner. It is 
not even difficult when one uses such dry batteries as flash- 
light-cell A batteries and a 45-v B battery. To go a step 
farther, it is also possible to utilize the rising characteristic 
of a crystal or ceramic microphone to record tape with 
studio recorder characteristics such that the tapes will repro- 
duce with a close approximation to NARTB characteristics 
when they are “aired.” 

There is a top limit, however, that must be faced. The 
ability of tape to record and reproduce high frequencies is 
always limited, regardless of other limitations, by the inti- 
macy of contact of the tape with the head. In low-torque, 
self-powered recorders strong pressure pads cannot be uti- 
lized because of their obviously intolerable drag on the 
transport. In the absence, therefore, of the heavy pressure 
pad solution to good head-magnet tape contact, there has to 
be a compromise. We considered this compromise unfortu- 
nate until an important man in major network field services 
specified on ordering some Tapaks that the response should 
not exceed 5000 cy. 

This figure, fortunately, was consistently obtainable off 
the tape at 7% ips with little or no pressure pad needed. 
Higher responses, our network friend felt, often invite ex- 
traneous noise and difficult-to-define distortion in field re- 
cording work. Even the whistle of a light breeze passing 
over the microphone may be recorded as noise. Dr. S. J. 
Begun in his authoritative book, Magnetic Recording, makes 
a statement to the effect that in designing a tape recorder, 
one should restrict the response to that required to do the 
work intended. 

In our case this would mean largely voice recording. 
Logically, it seems to be the usual practice that when serious 
music is to be recorded, ac-operated equipment is used and 
better facilities are provided than in the catch-as-catch-can 
operations that confront the self-powered recorder. In spite 
of the above theories, however, Tapak amplifiers have for 
many years now been substantially flat to well past 10 kc. 
A light pressure pad helps put frequencies up to 7-8 kc on 
the tape. 


EVALUATION OF SELF-POWERED RECORDERS 


With today’s widespread use of audio oscillators, VTVM’s, 
scopes and test equipments too numerous to mention, a 
school of thought on test methods has naturally evolved. 
For frequency response of amplifiers, as an example, one 
feeds in tones that sweep the audible spectrum, and one gets 
out the same tones with all frequencies amplified equally. 
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At least to do so is one criterion for judging an amplifier 
as good. 

To carry the process into the testing of tape machines, 
many authorities proceed by starting with the playback of 
a test tape and determining whether or not by meter read- 
ings at an output jack the response has the NARTB char- 
acteristic. If the machine passes this test, recordings of 
oscillator tones are then made and played back. The results 
should now be the same as with the test tape showing that 
the recording characteristic is also correct. A tape machine 
which passes this examination may now response-wise be 
considered satisfactory for insertion into a system. If re- 
cordings are made from a flat source and played back, for 
instance, into a flat transmitter, the recorder can be counted 
on not to unflatten the system. Under such conditions, 
therefore, the methods of testing are certainly valid, so much 
so, in fact, that they have become a school of thought, in- 
deed, almost a religion. 

At the risk of being thought heretical, we make the radi- 
cal statement that in the self-powered field and in the field 
of consumer tape recorders, the above test methods are 
misleading when used for final analysis or tests of merit. 
The following is the reason for our reasoning. 

On many, many occasions we have painstakingly worked 
on circuitry to produce either a flat response or a particular 
characteristic as circumstance warranted. Tones in and 
tones out as finally observed on scopes or read from meters 
might be all that could be desired. Plug in the microphone 
from another room, however, take out the simulated load, 
and drive the speaker. How does it sound as a P.A. system? 
Terrible. This same sort of disappointment we have also 
experienced dozens of times with recorders. The explana- 
tion is simple. Our amplifier or recorder does not use a 
low-level broadcast-quality microphone. Why not? Ex- 
pense, weight, bulk, dry battery conservation, and other 
factors prohibit the idea. 

More important, we need the rising characteristic that we 
get free with most crystal, ceramic, or small magnetic mi- 
crophones. One might go so far as to merely say that such 
microphones are apt to be deficient in bass response and, 
therefore, respond increasingly better as the frequency rises 
(up to the cutoff point). The types of microphones to 
which we refer are often described in catalogs as “smooth,” 
“substantially flat to ...,” etc. Many such microphones 
including the most popular and best available often stop 
rising at between two and three thousand cycles and, in 
addition, are practically dead at about 5 kc, even according 
to the manufacturer’s own curves. Using such a micro- 
phone on a tape machine as the sole source of the needed 
rising-recording characteristic (as is very commonly done 
with consumer tape recorders) results in a deficiency of 
both bass and treble and gives rise, if the amplifier is flat, 
to telephone-like reproduction which is largely midfre- 
quency. 

Another fallacy in applying the flatness test to the over-all 
performance of tape machines that is worth mentioning in 
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passing is the fact that compensation may be needed to get 
a pleasing tone from a small speaker stuffed into an acous- 
tically poor machine-case. 

It is, of course, easy to criticize. Fortunately, however, 
we can offer another solution to the testing problem. To 
find this acceptable, we must remember what we are trying 
to accomplish. In a nutshell, it is simply to please the ears 
of listeners so they will spend money to become owners. 
This applies with the presumably critical broadcast station 
engineer as well as with the home music lover. It certainly 
applies to self-powered tape recorders. How then should we 
equalize an amplifier or a recorder that perforce uses an 
unflat microphone and minimal’ speaker-baffle combination? 

Although it may be nothing new to many readers, the best 
answer we have seen is another :contribution of Colonel 
Ranger’s. He has a variable equalizer with no insertion loss. 
As we understand it (we have used it more than delved into 
it), the audio spectrum is broken down into bands such as 
30-100, 100-300, 300-500 cy, etc. Each band has a sepa- 
rate amplifier whose gain can be varied with a little handle 
that slides in a vertical slot calibrated in decibels up or 
down from an index mark. As we used the equalizer on one 
occasion a recording of one of our voices was made on the 
self-powered recorder which we wished to test. The tape 
was then transferred to a high-quality tape machine, ampli- 
fier and speaker system for playback.. The variable equal- 
izer was inserted between the tape machine and the final 
amplifier. While the tape played back, the variable equal- 
izer controls were adjusted until everyone present agreed 
that the voice sounded perfectly natural and unmistakable 
in identity. Each of the little handles represented by its 
vertical displacement a point on the response curve neces- 
sary to correct the amplifier characteristic to the desired 
tone quality. In one case the curve thus described took a 
midfrequency dip and a moderate bass rise. 

Here was our microphone effect visibly displayed. After 
we equalized the amplifier accordingly, we had just what 
we wanted: fine quality as played back on studio equip- 
ment. In a self-powered machine this is, of course, the 
goal. Nobody expects that with low audio power and a 
small speaker housing, a walkie-type recorder will score 
high as a playback unit. 


COMING ATTRACTIONS 


It is always easy to think you have “gone about as fur 
as you kin go.” Since, however, everything described was 


done with tubes, we will soon switch to transistors. We 
cannot save a penny by doing so, but we can eliminate 
weight, B batteries, and a little clutter. With the gyro 
drive to help the motion, we can cut some weight in the 
main flywheel. We might use some of the new hermetically- 
sealed rechargeable wet batteries. In the light of the low- 
power requirements for a transistor amplifier and bias oscil- 
lator, we find we can drive a small generator off our spring 
motor and have no batteries at all! 


We could also scrap the whole project in favor of a two- 
pound recorder, some remarkable examples of which show 
up from time to time. Judging, however, from the Tapaks 
that have survived mountain climbing expeditions, airplane 
crashes, and falling off jeeps, we think their ruggedness 
may reserve a lasting place for them, while, as somebody 
remarked, the little subminiature jobs (our own included) 
may only be “good to the first drop!” 
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and also manufactured this device. 
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Stereophonic Sound for the Videotape” Recorder’ 


Ross H. SNYDER 


Ampex Corporation, Redwood City, California 


The Videotape recorder, now the American standard machine for local clock-time rectification 
of network programs, required the addition of stereophonic record and playback facilities when 
AM-TV stereo broadcasting began in the fall of 1958. The manner in which this was accomplished 
is described, and the performance attainments revealed. 


INTRODUCTION 


LATE summer of 1958 it became apparent that a large 

advertising effort would be expended in the fall on the 
promotion of stereophonic sound systems for the home. 
Announcement had been made, during 1958, of the avail- 
ability through normal trade channels of single-groove 
stereophonic disc recordings. The forthcoming of quarter- 
track 334-ips speed commercial tapes had been announced 
to the music merchants, and plans were completed for their 
announcement to the public. Public response to stereo- 
phonic sound in these new and less costly forms was well- 
tested, and there was firm assurance of widespread accept- 
ance if word were adequately spread. Stereo, through the 
medium of the familiar two-track 7'4-ips speed tapes and 
the influence of audio enthusiasts had its way well paved 
for a substantial expansion through exploitation of these 
new lower cost stereophonic media. 


STEREOPHONIC BROADCASTING 


Stereophonic radio broadcasting, too, had contributed 
much to the public’s appetite for stereophonic listening. A 
few pioneer stations, in key places, had patiently built an 
audience by simultaneous AM and FM broadcasts, mainly 
of stereo tapes, but also in some noteworthy cases of live 
music. To receive these the listener needed AM and FM 
receivers sufficiently independent that both could play at 
once, without mixture of the programs. 

Tape reproducers for stereo tapes, and simultaneous AM 
and FM listening facilities existed in relatively few homes, 
mainly in those of audio enthusiasts. Much of the public 
had heard of stereo, but the vast multitude had never been 
exposed to it, however ready they may have been to accept 
this next large step in home entertainment. 


* Trademark, Ampex Corporation. 
t Presented February 18, 1959, at the Sixth Annual Western Con- 
vention of the Audio Engineering Society, Los Angeles, California. 


213 


But it occurred to certain alert advertising people that 
almost every home is equipped with both television and AM 
radio receivers, and that therefore a ready opportunity 
existed to bring stereophonic sound into the homes of a very 
large part of the American public. A more natural oppor- 
tunity could hardly be devised to invite stereophonic sound 
to the attention of the millions who have television and AM 
radio although perhaps no FM or stereo tape systems; to 
demonstrate not just to tell about it. 

It may be said that stereophonic sound through the me- 
dium of AM radio and TV sound becomes a poor shadow 
of its normal self. To this it can surely be replied that the 
stereophonic techniqué imparts its basic superiority, a sense 
of spaciousness and direction, to any transmission, however 
limited it may be. Even though both channels of reception 
may be noisy, distorted, rough, and limited in frequency 
response and dynamic range, the essence of the stereo effect 
comes through. Its demonstration is found far more effec- 
tive than mere description. It should also be noted that 
the signals originated by broadcasting stations, whether 
AM, TV, or FM are frequently of superior quality, that the 
major limitation is usually the receiver, and that by no 
means all AM and television receivers are of low fidelity 
standards. 

During this decade of the evolution of stereophonic sound 
into the home, television, too, has undergone a quality revo- 
lution. For the first ten years of its commercial existence, 
television served viewers far from the centers of TV produc- 
tion (especially those who lived in time zones different from 
originating studios) with photographic films made by plac- 
ing a movie camera in front of a TV picture tube, developing 
the films as fast as possible, and broadcasting them, at a 
later time, through a movie projector and a TV camera 
system. The loss in quality was so severe that the vast 
majority of viewers were probably well aware that they 
were second class customers compared to those who saw the 
same programs live. 
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All this was changed in late November, 1956, when the 
first regularly scheduled commercial television began re- 
broadcasting by means of magnetic television tape recording. 
By the following summer, all three of the major United 
States television networks were using the Videotape recorder 
for the largest proportion of their local clock-time program 
delays. It is interesting to note that even by early 1959, 
with more than 240 Videotape recorders in service in more 
than 100 United States television installations, some part of 
network television broadcasting was still done by means of 
fast photographic film. Thus, even in the area of its natural 
greatest superiority, television magnetic tape still has room 
to grow. 

It is clear by now that magnetic television tape reproduc- 
tion is the same thing as live, insofar as the image on the 
home receiver is concerned. Equally important, but not so 
often remarked, is the fact that television sound, also re- 
corded and delayed by the Videotape recorder, is substan- 
tially indistinguishable from sound transmitted live over the 
same lines from the originating studio. Previous publication 
has been made of the characteristics of the Videotape sound- 
recording system, of the limitations on sound recording of 
the special tape used for television,’ and of the successful 
resolution? of these limitations through the coincidental 
benefit of the 15-ips tape speed used for television. 

With the possibility of live-looking television pictures 
virtually everywhere regardless of the time of broadcast or 
re-broadcast, magnetic television tape also presented the 
possibility of recording and reproducing stereophonic sound 
for AM-TV re-broadcasting on at least one major United 
States network. This would be possible if a high-speed 
engineering project could be completed on a two-channel 
sound-recording system for the machine, in time for the 
broadcasts planned. 


COMPATIBLE CONVERSION OF STANDARD VIDEOTAPE 
RECORDER FOR STEREO SOUND 


On the industry’s standard magnetic TV tape recorders, 
sound is recorded longitudinally by direct recording on the 
upper 100 mils of the two-inch tape. To be specific, an 
erase head clears recorded video or noise from the upper- 
most 100 mils, and a combination record-playback head, 
located downstream from the eraser, works in the upper 90 
mils, leaving a 10-mil guard band. 

Within the magnetic tape recording industry, during the 
past several years, experimentation has been going forward 
on ever narrower magnetic sound recording tracks. The 
new quarter-track 334-ips speed audio tapes are, of course, 
an outgrowth of this development. Magnetic heads of higher 
efficiency have been devised, which give output from tracks 
as narrow as 40 thousandths of an inch (about as high as 


1 Robert A. Von Behren, “Magnetic Tape For Video Recording,” 
J. Soc. Motion Picture Television Engrs. 67, 734 (1958). 

2J. B. Hull, “Audio System of the Ampex Videotape Recorder,” 
presented at the Audio Engineering Society West Coast Convention, 
1958. 


that which was formerly obtained from heads of twice or 
more than twice this width). While high head output is 
not the only factor involved in achieving desirably high 
signal-to-noise ratio in magnetic recording, it is an impor- 
tant factor and was the key to successful integration of two- 
track stereo recording facilities in the Videotape recorder. 


It was decided at the outset of the project that stereo- 
phonic tracks for the machine must, if possible, be so de- 
vised that they would fall in the same area as the standard 
monophonic track and that they should be so recorded that 
a stereophonically recorded television tape should play back, 
when interchanged on a monophonic recorder, with little or 
no degradation, except for loss of stereophony. Standardi- 
zation of equipment in this newly established medium, it 
was felt, must be preserved while yet achieving high broad- 
cast sound quality. 

Special combination record-playback heads were con- 
structed according to the new high-efficiency configuration, 
and these were mounted in a new 2-in. head structure so 
that the upper of the pair recorded and scanned the top 40 
mils of the tape. The second was mounted so that its upper 
surface fell 20 mils below the lowest edge of the top track 
and extended for another 40 mils downwards. The same 
10-mil guard band remained below the stereophonic pair as 
on the standard monophonic arrangement. Gaps were ar- 
ranged in line according to modern practice, and longitudi- 
nal gap separation was held to the + 1 mil value which has 
been shown* to be necessary for proper preservation of 
stereophonic phase relations. The special advantage of 
observing close tolerances in this case is the assurance that 
these sound tracks, when played on a monophonic recorder 
and thus scanned together by a single wider gap, will be 
accurately matrixed so as to give a single A + B signal at 
the monophonic output. If substantial phase differences 
were to exist between adjacent sound tracks then addition 
in phase would not occur upon monophonic playback, and 
an undesirable signal approaching the A-B condition 
would be produced. 

Compatibility between standard and stereo TV tapes was 
thus achieved by this track placement. It remained to 
adapt, in a few weeks, satisfactory control and electronic 
amplifying apparatus to the recorder. The same laborato- 
ries which undertook this stereo conversion had a few 
months earlier completed the design of a new electronic sys- 
tem for a professional broadcasting audio tape recorder 
which had incorporated separate etched boards for each of 
the three major functions of an audio magnetic recorder. 
These were power supply, recording circuitry, and playback 
circuitry. It thus became possible, because of the small size 
of these existing available eiements, to incorporate two re- 
cording strips and two playback strips into a new chassis 
(Fig. 1) which would fit exactly into the space previously 
occupied by the monophonic sound electronics of the stand- 
ard Videotape recorder. 


3R.H. Snyder, J. Audio Eng. Soc. 1, 176 (1953). 
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STEREOPHONIC SOUND FOR THE VIDEOTAPE RECORDER 


Fic. 1. Close-up view of stereo electronic chassis revealing details 
of etched-board record strips (center) and playback strips (left and 
right). 


This same chassis is the right-hand control panel of the 
recorder console (Fig. 2), mounted at a convenient angle for 
operation, and containing also the tape transport control 
push buttons. Modification of the control circuits, causing 
both of the new audio channels to be activated by the relays, 
and switching both channels for stand-by, record, and play- 
back functioning, could thus rather readily be accomplished 
within the single newly designed chassis. Twin record level 
controls and twin playback level controls were mounted in 
place of the original singles. A second audio volume indi- 
cator, for the second track, was easily accommodated in a 
new special right-hand meter panel (Fig. 3). 


Fic. 2. Recorder’s right-hand control panel which contains two 
etched-board stereo playback strips and two similar stereo record 
strips. Ganged record and playback gain controls (not shown) are 
vernier-adjusted for tracking by use of potentiometers at upper right. 
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MONITORING DURING RECORDING 


While the Videotape recorder is in most aspects quite a 
strict television counterpart of a high-quality audio re- 
corder, there is one way in which it differs considerably. 
This is the matter of monitoring before and during record- 
ing. It is not economically feasible to mount a video record 
head and a second playback video head assembly, with all 
their associated servo and playback electronics, on one 
machine. This is easily understood when we realize that 
some 80% of the apparatus is involved in the playback 
mode. Eighty per cent is roughly the increase in size and 
cost which would be involved, at the present state of the 
art, in adding the simultaneous off-the-tape video monitoring 
feature! When we consider that the most compact com- 
mercial television tape recorder now offered is still a ma- 


Fic. 3. When stereo-converted recorder is buttoned-up for normal 
operation, only evidence of stereo installation is third (center) audio 
VI on meter panel (right rear of console). 


chine weighing more than a ton and occupying a large 
console and two broadcasting racks, the reason becomes 
apparent for confining recording and playback to a single 
head structure. 

Both in the original design and in this stereophonic ver- 
sion, reliability of performance was encouraged by the an- 
cient stratagems of choosing components rated well beyond 
the service contemplated, solving the mechanical problems 
through well-conceived precise mechanical devices, solving 
electrical problems through appropriate electrical circuits, 
and providing generous and convenient means of testing and 
checking. 

For example, all the monitors, whether sound or picture, 
are automatically fed, whenever the machine is not playing 
back, a signal which has passed through all of the system’s 
electronics. The television monitor, both before and during 
recording, receives a signal which has been passed through 
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the modulating process, to the heads, through the demodu- 
lator, and through the processing amplifier. Similarly, both 
audio signals, before and during recording, feed from input, 
through record equalizer and amplifier circuits, to the audio 
heads; these are sampled here, and fed through the playback 
circuits on their way to the monitors. Nine meters and a 
built-in oscilloscope monitor the machine’s performance dur- 
ing all operations. And 108 front-panel test points provide 
for convenient maintenance. 


PERFORMANCE OF THE STEREOPHONIC 
CONVERSION 


The performance attained in tests of the stereophonic con- 
version was gratifying. The design target on signal-to-noise 
ratio was the same as the specification of the wider track 
standard recorder, 50 db, measured from record input to 
playback output, and relating the output of a maximum- 
level 1000-cy tone to that of rms wide-band noise. The 
achievement on the first model was 51 db in the worst chan- 
nel, 54 in the best. 

Use was also made of this construction to experiment with 
extension of previous performance attainments. Therefore, 
the target for frequency response was set at + 2 db from 
30 to 12,000 cy—somewhat better than specification for the 
standard monophonic recorder. The results on the first 
model were + 1 db over this range. At 15 kc a loss of as 
much as 6 db was expected because of the effects associated 
with the transversely oriented tape necessary for TV re- 
cording. Fifteen-kilocycle response was down only 3 db in 
the tests of the model. 

With only 20 mils separating one head from the other, 
the degree of shielding could not be great. It was so much 
in the interest of standardization that this separation be held 
small that, despite the high speed required of the project, 
heads were manufactured with this narrow shield, and reli- 
ance placed on calculations which suggested that more than 
20 db of effective* crosstalk rejection could be obtained. 


4“Technical Notes on Multi-Channel Recording,” Ampex Corpora- 
tion, Engineering Department Publication; available on request. 
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In actual test, maximum rejection reached 34 db at 500 cy 
—the best figure—and dropped below 25 db only below 
200 cy and above 10,000. This is probably not adequate 
rejection for mastering purposes where several generations 
of dubbing may follow. But for clock-time broadcast delay, 
where either the original tape or a one-generation dub will 
be played for listening, it is more than adequate. 


CONCLUSIONS 


Thus, the several requirements of convenience, preserva- 
tion of standards, and achievement of satisfactory audio 
quality were all achieved within the brief time period al- 
lowed. The equipment has been in seivice steadily since 
October 25, 1958, and it is often used for strictly mono- 
phonic delay as well. The project was directed by John 
King and J. Byrne Hull. 
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(Continued from Page 206) 


video tape recorders is comparable to standard broadcast 
quality equipment if properly used. The high-frequency 
output in the unfavorable sound direction of No. 179 video 
tape is approximately the same as in the lengthwise (favor- 
able) direction of standard sound recording tapes due to 
the video tape’s extremely smooth surface. Since the video 
tape recorder operates at 15 ips, excellent quality can be 
obtained to beyond 15 kc without excessive equalization or 
special magnetic heads. 

The signal-to-noise ratio is sacrificed by approximately 6 
db when compared to standard tape recording; however, it 
has proved adequate for telecasting. Due to the precision 
of the video tape’s surface, dropouts and high intensity 


modulation noise are practically nonexistent in the sound 
channel. 

It is interesting that in video recording tape, probably 
the most highly perfected magnetic tape in use today, the 
sound channel is used in such a manner that it cannot use 
the main features of this unusual tape but must rely on 
more or less conventional performance. 
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A Compact, Single-Cabinet, Stereophonic Speaker System* 


Sipney E. Levy, Georce W. SIoLEs, AND VICTOR BROCINER 


University Loudspeakers, Inc., White Plains, New York 


A loudspeaker design is described, utilizing reflections from the walls of the listening room to 


provide broad virtual sources with good separation. 
used to reduce the sound reaching the listener directly from the speakers. 


Deflector baffles in the form of doors are 
The sound fields so 


created are continuous, and thus provide good “center fill” without additional speakers. Frequencies 
below 150 cps from both channels are reproduced by one dual voice-coil woofer, of high-compliance 


design. 


INTRODUCTION 


TEREOPHONIC SOUND in the home, now realizable 
at moderate cost with the availability of stereo discs, 
represents a large step forward in realism. Conventionally, 
two loudspeakers are needed, placed six to eight feet apart 
for average living rooms, with the listener located on or 
near the center line between the speakers. In an average 
living room, this involves, first, locating the speakers for 
best stereo performance, then positioning favorite furniture 
elsewhere. The best stereo will be heard only by those in 
the optimum area of listening near the center line between 
the two speakers. The use of compact, add-on, stereo speak- 
ers mitigates somewhat the problem of finding space for the 
speakers. 

Many complications would be eliminated by the avail- 
ability of a stereo speaker system having the following 
attributes: speakers for both systems built into one cabinet, 
preferably less than three feet wide; no compromise of 
stereo performance; and stereo effect not limited to the 
center line ‘of the speakers. It is the purpose of this paper 
to describe how these objectives have been achieved. 


USE OF WALL REFLECTIONS IN 
STEREOPHONIC REPRODUCTION 


The principle upon which the solution is based is to direct 
the sound from the speakers to the desired regions in the 
room by utilizing the sound reflected from the walls of the 
room. From 150 cps upward, over the frequency region in 
which the stereo effect takes place, sound reflects rather 
well from the usual wall surfaces. 

The basic idea of using wall reflections is, of course, not 


* Presented February 19, 1959 by Victor Brociner at the Sixth 
Annual Western Convention of the Audio Engineering Society, Los 
Angeles, California. 
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new. Some early attempts in this direction will be de- 
scribed. In Fig. 1(a), door panels set at 45° to the cabinet 
are used to reflect the sound, creating effective sources 
spread over the area between A and B. This system re- 
quires a fairly large cabinet to obtain sufficient separation 
since the effective sources are adjacent to the body of the 
cabinet. 

In the second configuration, Fig. 1(b), unless the speak- 
ers are extremely directional, so much sound reaches the 
listener directly from the speakers that the sources appear 
to be close to the cabinet. Making the speakers directional 
for frequencies down to 200 cps is practically impossible in 
a small space. Nevertheless, a measure of stereo effect is 
obtained, and speakers of this general design are on the 
market. 

The situation can be improved and broad virtual sound 
sources obtained by turning the speakers around, thus di- 
recting them toward the rear walls of the room as shown in 
Fig. 2. This principle of operation appears in a patent 
to Marvin Camras. The rear of the cabinet is sealed against 
the wall to permit the speakers to operate independently of 
each other without acoustic interference. This places some 
limitations on the positioning of the cabinet; in particular, 
the geometry of the system is such that it is unsuited for 
use in a corner of the room. 


USE OF CABINET DOOR DEFLECTOR BAFFLES 


The final solution adopted in this project was to face the 
speakers outward directly toward the side walls and to posi- 
tion deflector baffles at the front corners of the cabinet, as 
in Fig. 3. These deflectors, which take the form of doors 
in the finished unit, prevent the direct sound from masking 
or obliterating the sound reflected from the walls. They 
effectively sharpen the directional characteristics of the 
speaker. The sound which is diffracted around the outer 
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Fic. 1. (a) Two speakers mounted in cabinet with doors, hinged at 
the rear, used as reflectors. (b) Cabinet with two speakers mounted 
at an angle, utilizing reflections from side walls of room. 


edges appears to originate from two points effectively five 
feet apart, which is intrinsically a considerable separation. 
The sound diffracted around the top and bottom of the 
deflectors is not excessive and has the beneficial effect of 
providing a continuity of the sound field. There is no pos- 
sibility of a hole in the center with this speaker. The degree 
of effective separation may be controlled by varying the 
door positions. 


Fic. 2. Dual speaker system 
with sound reflected from 
rear and side walls. 


On the right are indicated the reflections for two rays of 
sound from the right-hand speaker. The left side shows an 
estimated orthogonal representation of the sound field in 
which the rows of arrows indicate the direction from which 
the sound appears to come. The approximate relative levels 
are also indicated. 


LISTENING AREA 
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Fic. 3. Trimensional speaker system showing action of deflector 
baffles at front of cabinet. 


SIDNEY E. LEVY, GEORGE W. SIOLES, AND VICTOR BROCINER 


Some interesting measurements were made in an anechoic 
chamber with the speaker backed by a reflecting wall as 
shown in Fig. 4. The two polar diagrams illustrate the 
effect of the deflectors in reducing the energy received di- 
rectly in a primary listening area. 

When thinking of the principles of operation of the 
speaker, it is helpful to deal with the sound paths as if they 
were rays of light and the wall surfaces as if they were 
mirrors. This is a reasonably justifiable assumption in the 
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Fic. 4. Polar patterns with and without deflector baffles. Lower 
curves: 600-1000 cps. Upper curves: above 1200 cps. 


frequency range over which the stereo effect takes place. 
Although specular reflection is shown, there is also diffusion 
at each point of impact on the walls. 

We can classify the paths as follows (illustrated in Fig. 
5): (1) Sound from the speaker reflected by the side wall. 
(2) Sound reflected from the rear wall and then again by 
the side wall. (3) Sound reflected by the front deflector, 
then by the rear wall, and finally by the side wall. (4) 
Sound directly from the speaker, spreading around the de- 
flector. The result of all these paths is a pair of broad vir- 
tual sources. Offhand, one would expect these to behave 
as if a point source were located at some distance behind 
the wall. This, however, is not what happens. 

Figure 6 is a more detailed representation of the paths 
followed by the sound. If we prolong the rays shown com- 
ing from the side wall, back beyond the wall, in pairs, their 
intersections represent virtual sound sources. Only three 
are shown for the sake of simplicity, but actually there is 
a large number of virtual sources, spread out in depth. The 
resulting sound field, added to the diffused sound arriving 
from the rear wall and the speaker itself, might well be 
referred to as three dimensional. Accordingly, this system 
was named the “Trimensional Stereo Speaker.” 
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A COMPACT, SINGLE-CABINET, STEREOPHONIC SPEAKER SYSTEM 


Note: Angle of incidence = angle of reflection 


Fic. 5. Sound paths of reflection patterns from one side of Tri- 
mensional speaker system. 


COMPARISON WITH CONVENTIONAL 
TWO-SPEAKER STEREO 


As indicated in a paper recently presented to the Acousti- 
cal Society of America by R. W. Carlisle,’ reporting on a 
number of tests made on audience reactions to this speaker 
arrangement in direct comparison with conventional two- 
speaker stereo, the preponderant reaction was favorable to 


the single-cabinet speaker. In some cases, listeners could 
not distinguish which system they were listening to. It 
seems tha‘, in general, the effect of two broad sources, with 
the accompanying sensation of depth, is a closer approach 
to concert-hall sound than can be obtained with two sepa- 
rate speakers. Most notable is that the sound is spread 
out over an area not only wider than the speaker cabinet 
itself but actually wider than the listening room. This is 
particularly noticeable when listening to favorite demon- 
stration subject matter such as passing trains, planes, boats, 
and automobiles. 

The over-all effect can be described as a curtain of sound. 
As a side effect, no pinpoint localization can occur. This 


1 Levy, Sioles, Brociner, and Carlisle, “Listener Reaction to Stereo- 
phonic Reproduction by Reflected Sound,” J. Acoust. Soc. Am. (to 
be published). 
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may conceivably be a loss for sound effects; however, in 
the concert hall, one simply cannot localize the source to 
this extent. Essentially, this is a stereo speaker for the 
reproduction of music, and this can be assumed to be the 
primary purpose of high fidelity in the home. 

An interesting and very valuable property of the Tri- 
mensional speaker is that it produces a good stereo effect 
throughout the listening space. In the demonstrations pre- 
viously referred to, it was determined that all members of 
the audience heard stereo, regardless of their positions. 
This means that the third requirement originally set up for 
the speaker system is satisfied. 


DESIGN FEATURES 


The design of the system itself is fairly simple to a point. 
The upper drawing in Fig. 7 is a diagrammatic representa- 
tion of the speaker cabinet and the components mounted in 
it. Facing in each direction, right and left, there is a com- 
pression-type high-frequency unit which covers the high 
treble range down to 3000 cps, where an 8-in. direct radiator 
speaker takes over. This covers the midfrequencies, down 
to 150 cps. The tweeter and midrange speaker on each side 
are housed in a closed compartment to prevent the woofer 
from driving the direct radiator. 

At this point we are left with 2 cu ft of volume in which 
to cover the bass range of both channels, and the design 
problem becomes a little less simple. 

Fortunately, the stereo effect occurs above the bass range. 
Below 150 cps, the ear cannot determine the direction from 
which the sound originates. Consequently, it is unneces- 
sary to reproduce the bass of both channels separately. 
Nevertheless, it is not sufficient simply to reproduce the bass 
of one channel alone, even if we boost it 3 db to compensate 
for the fact that the bass from the other channel is missing. 
Because of the wide microphone spacings used in recording, 
it often happens that one channel contains much more bass 
than the other, and it is necessary to combine both channels 
somehow. This can be done by means of a special filter and 


Fic. 6. Virtual sound sources created by reflections. 
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Fic. 7. Mechanical arrangement of speakers and schematic of 
speaker system. 


transformer network. Such a network has disadvantages. 
It is fairly expensive, since it has to include an isolation 
transformer that must be good down to the lowest frequen- 
cies to be reproduced. It is difficult to design so that the 
over-all response is really flat. 

A different approach to the problem which eliminates all 
these difficulties is the use of a dual voice coil. The sche- 
matic circuit of Fig. 7 shows how this is applied. One 
winding is connected to each amplifier channel through an 
elementary low-pass filter. The two voice coils add the 
bass from the two channels. Since the transformer action 
between the two voice coils is negligible at low frequencies, 
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Fic. 8. Frequency response curves on axis and at listening location. 


the amplifiers are completely independent of each other, and 
of course the grounds are not tied in either. At high fre- 
quencies, where some coupling might otherwise occur, the 
chokes isolate the voice coils from the amplifier. 

Thus, the dual voice coil circuit permits the use of only 
one woofer for this stereo speaker system. Excellent per- 
formance down to 30 cps can be obtained in a 2-cu ft enclo- 
sure, provided that the woofer is a high compliance design 
and has a high mass moving system. The 12-in. speaker 
adopted for this system has a free-air resonance of about 
18 cps and is designed to permit large excursions without 
departing from linear response. Its low-frequency perform- 
ance is further assisted by the use of a carefully propor- 
tioned vent in the enclosure, which reduces the excursion 
required and correspondingly minimizes distortion. The 
system Q’s are made sufficiently low to provide excellent 
damping. 

The resulting system has fairly low conversion efficiency. 
Experience has indicated, however, that for average home 
use, a dual 12-w stereo amplifier will deliver all the volume 
needed. 


Q 


Fic. 9. Typical locations in which Trimensional speaker can be used. 


The problem of bass response having been solved, another 
one remains: since the sound reaches the listener either 
after reflection or diffraction, there is a loss of high fre- 
quencies. In order to present the listener with a frequency 
response that is substantially flat, the characteristic of the 
system itself is tilted upward with frequency. This is illus- 
trated in Fig. 8. 

The problem of measuring the frequency response of this 
system is extremely difficult of solution for steady-state 
conditions because of the many paths followed by the sound. 
Several methods of measurement have been used, including a 
multi-microphone system in a “typical” living room. Curves 
have been taken on the axis of the speakers as illustrated by 
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. 10. Front and rear views, Trimensional speaker system. 


the solid and dotted curves of Fig. 8. The generally rising 
frequency characteristic may be noted. The general nature 
of the resulting response at the listener is estimated to be 
as shown by the dashed line which, of course, is not an 
actual response curve. 


The tonal balance of lows, midrange, and highs was ar- 
rived at by experiment as a result of a large number of lis- 
tening tests. It is interesting to note that deviations in 
preference from this mean of the curves used tended to be 
in the direction of less high-frequency response rather than 
more. 


In order to provide a wide range of adjustment to ac- 
commodate the system, not only to individual preferences 
but also to compensate for differing reflectivities due to vari- 
ations in wall materials and decorative treatment, L-pads 
were inserted in the lines to the midfrequency speakers and 
the tweeters. There are, thus, two controls in each stereo 
channel. These controls are also useful in compensating the 


system for losses at the higher frequencies that may be 
caused by adjacent furniture. The absorption of even 
heavily upholstered chairs and sofas can be equalized. In 
addition, the speaker doors can be folded forward to provide 
a passageway around obstructing objects. 


This brings up a pertinent question: To what extent 
does the speaker system depend on its position in the room? 
Extensive listening tests have shown that it need not be in 
the middle of a wall. Various usable positions are shown 
in Fig. 9. It is seen that extreme flexibility has been at- 
tained in this respect. It should be pointed out, though, 
that this is a speaker designed primarily for use in the 
home. In a large auditorium with reflecting surfaces a con- 
siderable distance apart the resulting dispersion of sound 
may well be too great for effective stereo action. 

The final design of the Trimensional speaker is illustrated 
in Fig. 10. 

It is unlikely that anyone wants a speaker that is usable 
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for stereo alone. The Trimensional speaker system is very 
suitable for monophonic reproduction as well. In this mode 
of operation, the doors are usually closed across the front 
of the cabinet. It is particularly important that both sides 
of the system be connected in proper phase in this applica- 
tion. The terminals are coded to facilitate this. In mono- 
phonic use, when listening to large orchestras, choruses, and 
the like, a very pleasing effect is obtained with the doors 
open, in the stereo position. The resulting spread of sound 
greatly enhances the illusion of realism in a way that could 
be duplicated only through the use of a number of speakers 
spread along the wall. 
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(Continued from Page 195) 
ever, as recording systems capable of higher resolution are 
developed, we can reach a point where tapes having less ex- 
tensive distributions could be used to advantage. These 
conclusions concerning the effect of the finite extent of the 
distribution can be applied to pulse recording also. 

The measured distribution functions shown in Figs. 7 and 
8 demonstrate the considerable spread of the distributions 
laterally from the axis of symmetry. It is apparent that, in 
recording with high-frequency bias according to usual audio 
practice, only a small portion of the magnetic material cor- 
responding to the region of the distribution adjacent to the 
axis of symmetry is involved in the remanent magnetization. 
Furthermore, those portions of the distribution extending 
beyond the first quadrant of the H,-—H_ plane can contrib- 
ute to the remanence under no circumstances, and any por- 
tion contained in the third quadrant actually reduces the 
remanent induction. The effective use of the magnetic ma- 


terial on the tape can be increased if means can be found 
to reduce and control the particle interaction in such a way 
that the distribution is contained in the region close to the 
axis of symmetry. The particle interaction should not be 
reduced to zero since, as was shown earlier, the high- 
frequency bias recording technique is dependent on inter- 
action for its operation. 

We believe that the distribution function offers a basis 
for a more complete understanding of magnetic recording 
processes. Moreover, the distribution function provides a 
useful description of the basic magnetic properties of re- 
cording tapes and relates these properties to the recording 
performance as well as to the bulk magnetic properties of 
the tapes. Some characteristics and consequences of the 
distribution function have been discussed here. Others lie 
beyond the scope of this paper and are treated elsewhere.” 


7J. G. Woodward and E. Della Torre, “Particle Interaction in 


Magnetic Recording Tapes,” J. Appl. Phys. (to be published). 


(Continued from Page 188) 


netic tape fluxmeter of this type has recently been described 
by Schmidbauer.? 

The fluxmeter can be conveniently calibrated with the 
calibration coil and magnetizing coil. A known dc field is 


70. Schmidbauer, Electron. Rundschau No. 10, 302-5 (1957). 


set up in the magnetizing coil and the calibration coil is 
connected to the fluxmeter in series with a resistor. The dc 
field is switched off and the resulting flux change can easily 
be calculated. The series calibrating resistor is chosen to 
give a known input to the fluxmeter for the given change in 
flux so that the fluxmeter gain can then be adjusted to pro- 
duce the correct reading. 
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A Three-Channel Stereophonic Sound Reinforcement Mixing Console” 


Puitip C. ErHorRN 


Audiofax Associates, Inc., Stony Brook, Long Island, New York 


Described is a self-contained unit of unusual scope, designed for either stereo or multichannel 


monophonic coverage of large public or private gatherings. 


The design includes many features 


which make the work of the operator less complicated. Pushbutton switching flexibility of all 
inputs, and outputs, plus unusual emergency facilities afford a completely versatile console with 


no obvious limitations for future applications. 


INTRODUCTION 


aes CONCEPTS embodied in the subject console are 

not the product of one man’s idealistic thinking. Each 
one has been deliberated upon by the several people con- 
cerned with both technical and operational facilities in- 
volved in adequate coverage for 5—8000 people at the stock- 
holder meetings of a very large corporation. Not the least 
of the requirements was that there be simultaneous two-way 
communication between the speakers’ rostrum and any point 
on the audience floor: both sides of the conversation to be 
audible to all those present. 

Emergency facilities have been included to such an ex- 
tent that one might begin to doubt the designer’s confidence 
in his own product. However, past experience of this client 
with typical P.A. quality equipment represented a continu- 
ing sequence of equipment failures and unusual mainte- 
nance problems, plus careless layout of operating controls. 
It was therefore mandatory that unusual attention be given 
to the elimination of these aggravating factors in the new 
design. 

A basic premise then was the use of standard, reliable 
broadcasting-type equipment. It will be evident from the 
photographs that this was carried out in the choice of am- 
plifiers, power supplies, attenuators, keys—indeed in all of 
the components used in the console. Standard broadcast 
and recording transmission practice has been applied to the 
circuit design in order to assure proper gain, noise, and dis- 
tortion characteristics throughout. It is hoped that the 
following description of the particular features of this mix- 
ing console will serve as a guide for those who may be faced 
with related problems. 


* Presented October 3, 1958 at the Tenth Annual Convention of the 
Audio Engineering Society, New York. 
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GENERAL DESCRIPTION 


A general view of the console is shown in the oblique 
angle of Fig. 1. The console shell is constructed of 34-in.- 
thick plywood with a bonded face of frosted walnut For- 
mica. The desk top is a 2-in.-thick solid piece of Peruvian 
mahogany, oiled and waxed. Internal bracing and shelf 
supports are 2 < 3 in. pieces of clear white pine. To sup- 
port the great weight of the equipment within, the base and 
base braces are of 2 X 4 in. fir. All equipment panels are 
3/16-in. dural finished in a baked green enamel. This 
offers a welcome relief from the usual drab gray equipment 
panel and blends well with the predominant brown of the 
wood. Access doors lift up and off under the desk front, 
and doors on the rear open to expose wiring and equipment 
terminals. As will be seen in the photograph of Fig. 2, all 
amplifiers and power supplies are plug-in and may be physi- 
cally interchanged or replaced in a matter of seconds. 

Reference to Fig. 3 shows the physical arrangement of 
components of the main mixing panel. Only those controls 
which are most used are mounted in this central panel. The 
panel is welded to the meter panel, and the two hinge up 
for access to the appended controls and wiring. When the 
operator is seated at a comfortable height, the projecting 
arm support just touches his waist, and all important con- 
trols are within easy reach without rising from the chair. 
The arm support is covered with a vinyl plastic which simu- 
lates fine leather, but with greater durability. 


Description of Input Facilities 


An abbreviated block diagram of the general console fa- 
cilities is shown in Fig. 4. Alternate reference to this dia- 
gram and the photographs will tie in the various points dis- 
cussed in the text. In Fig. 3 it will be seen that centered 
in the lower portion of the main control panel is a group of 
seven mixing attenuators which control the level from the 
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Fic. 1. General view of console. 


seven rostrum microphones. These are vertical, step-type 
controls, easily controlled by the finger tips for individual 
level adjustment, yet because of their close adjacent spacing 
they afford rapid group adjustment. Just to the left of the 
attenuators is a group of seven associated lever keys which 
terminate the preamplifier inputs in the normal or “off” 
position. In the “down” position, each microphone is indi- 
vidually fed to its preamplifier. In the “up” position of 
the rostrum keys, a spare preamplifier and attenuator is 
instantly switched in for any of the seven microphones in 
the event of a failure. To avoid possible confusion to the 
operator, the spare input attenuator has been spaced slightly 
apart, to the left of the main group of seven. 


Fic. 2. Lower doors removed, showing accessibility of plug-in 
amplifiers and power supplies. 


Spaced to the right of the rostrum attenuators is the rov- 
ing microphone attenuator. This controls the level from 
the roving RF or “radio microphones.” The large illumi- 
nated pushbutton switch in the upper left section of the 
mixer panels affords instantaneous selection of as many as 36 
roving microphones, but is interlocked in such a manner that 
only one can be “live” at any given time. Although it 
would be indeed a rare occasion for all 36 roving inputs to 
be used, the buttons are numbered, and a number is assigned 
to the various radio microphones and prominently displayed 
on the front and back of pages stationed throughout the 
large audience area. When the rostrum recognizes a speaker 
in the audience, the page hands that person a microphone, 
and his number is punched up on the selector switch which 
ties in the appropriate transmitter-receiver circuit. When 
the roving facilities are not wanted, the 37th or cancel but- 
ton is depressed. This inserts a pad in the rostrum loud- 


Fic. 3. Mixer panel detail. Note uncluttered arrangement of main 
operating and indicating controls. 


speakers to lower their level, and thus alleviates feedback 
paths from the rostrum microphones. 

In the event that this complicated (mechanically) switch- 
ing facility should jam, each of the roving microphones 
appears on a jack in the jackfield of the right-end panel. 
A single patch-cord will then supply emergency feed from 
the various microphones to their common preamplifier and 
attenuator. 


The output of the roving microphones feeds a limiting 
type of preamplifier. This device accommodates a wide 
variation in the relative strength of speaking voices, thus 
preventing blasting or partially inaudible intelligence when 
switched from one speaker to another. Because all the rov- 
ing microphones feed through a common preamplifier, a 
spare can be switched in instantly by means of one of the 
lever keys, situated just below the rostrum group. 
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A THREE-CHANNEL STEREOPHONIC SOUND REINFORCEMENT MIXING CONSOLE 
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Fic. 4. Abbreviated block diagram. 


The tenth input accommodates a transcription pickup 
cartridge, part of a four-speed record changer housed in a 
pull-out drawer at the left end of the desk top. A lever key 
located next to the roving mike key interchangeably con- 
nects the talkback microphone to the transcription input 
preamplifier through momentary contacts. At the same time 
the RIAA playback equalizer is shorted out, or the talkback 
circuit would sound very bassy. Talkback level is adjusted 
on an override basis. 


Description of Mixing Facilities 


Each one, or any combination of the ten inputs can be 
switched to any of three mixing networks by means of in- 
terlocked, illuminated pushbuttons along the top center of 
the mixing panel. These illuminated pushbuttons are color- 
coded to aid the operator visually. 

The output of each mixing network feeds an identical 
program channel consisting of a booster amplifier, a variable 
10-kc “space-loss” equalizer, followed by a “Graphic” en- 
vironmental equalizer and a limiting-type program ampli- 
fier. A typical setup might feed the rostrum mikes to 
Channel 1, the roving mikes to Channel 2, and the transcrip- 
tion player to Channel 3. Actually, any arrangement de- 
sired can be had, since all inputs are individually selectable 
to any of the three channels, and instantaneous changes can 
be made at the discretion of the operator. In the event that 
a major component in a channel should fail, one of the other 


channels can be switched in as a spare, since normally for 
monophonic use only two channels would conceivably be in 
use at the same time. 


Grouped and appropriately labeled on the upper meter 
panel are three VU meters with their associated attenuators 
and the program limiter gain controls. Program level is 
normally set at plus 4 dbm. The limiter gain controls 
set the verge of limiting so that no limiting takes place 
normally at the higher dial readings. To increase the degree 
of limiting action, the limiter gain controls are turned clock- 
wise, and mixer gains are readjusted somewhat to avoid 
signal peaking. As much as 30 db of gain reduction can be 
realized without audible distortion. This means that a very 
loud voice will neither ruin the intelligibility of the over-all 
system nor force the system into acoustic feedback. It natu- 
rally makes the work of the operator less complicated. 


Lever keys to the left of each VU meter will, in the down 
position, read the degree of gain reduction on the meters. 
The maximum of about 30 db will correspond to a reading 
of approximately 40-50 on the 100% scale. Design center 
program levels have been adjusted so that no more than 
15 db of gain reduction (3—1 compression ratio) is needed. 
Greater gain reduction may allow the system to trigger 
acoustic feedback on recovery if the loudspeaker level hap- 
pens to be critically adjusted. Pumping of levels is elimi- 
nated by the attack and recovery times peculiar to the 
particular limiting amplifier used. 
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Three master gain controls, one for each channel, are con- 
veniently grouped together at the right lower end of the 
mixer panel. They are normally set at about 24 open, and 
then the gain of each input is controlled with its individual 
mixing attenuator. This practice is to be heartily recom- 
mended over the common recording practice of riding gain 
with the master gain controls. 

Stereophonic Facilities 

At any time it is desired, stereophonic use may be made 
of the console. Placement and grouping of the many loud- 
speakers must be such as to lend itself to this ideal method 
of sound reinforcement. Two- or three-channel stereo can 
be had, and even with a static placement type of microphone 
pickup there is great enhancement of depth and location 
perception, along with unusual freedom from acoustic feed- 
back effects. As a monophonic system approaches the feed- 
back level, the reproduced sound may become cavernous 
because the ratio of reflected sound to the original sound is 
very high. A shout or loud noise will trigger the feedback 
at one or more frequencies where the electroacoustic curve 
is peaked. This is not similarly true of a stereo pickup, 
and motion of the person speaking relative to the micro- 
phones does not materially affect the volume of the repro- 
duced sound. 

It may be necessary to operate the program limiters be- 
low the verge of limiting on a stereo pickup, particularly 
where the speaker moves about. There are other problems 
involving stereo pickup from the roving microphones and 
also determination of the placement of loudspeakers to cover 
a widespread, large audience. Clues to their solution may 
be found in the specific published literature as well as 
through on-the-spot preliminary tests. There is no doubt 
but that solution of acoustic problems is considerably easier 
and more satisfactory with stereophonic systems than with 
monophonic. 


Description of Output Facilities 


In the upper right corner of the main mixing panel are 
grouped three sets of specially interlocked illuminated and 
color-coded pushbuttons, arranged in such a way as not to 
be confused with their similar counterparts, the input but- 
tons. These output selector buttons switch any of three 
groups of loudspeaker amplifiers across any of the three 
main mixing channels; or all three may be switched to any 
one channel. In conjunction with the switching flexibility of 
all inputs, a completely versatile console with no limitations 
for future applications is now clearly seen. 

At the output of the pushbuttons are jacks (located in 
the right-end jackfield) for emergency patching of output 
facilities. They are normaled through to the output ampli- 
fier bridging buses, feeding the amplifiers through internal 
bridging attenuators. These attenuators allow the level of 
each individual amplifier to be adjusted for its loudspeaker 
string. There are three groups of amplifiers, each consisting 
of three amplifiers and a spare which can be instantly 


switched in via a group of lever keys seen in the lower 
section of the left-end panel of Fig. 1. The third amplifier 
group contains a fourth amplifier which supplies the rostrum 
loudspeakers. 

Nine rows of loudspeakers are provided for, and under 
normal circumstances each row can consist of at least ten 
loudspeakers. These speakers are all bridged across the 
600-ohm amplifier output by means of individual speaker 
line transformers. By substituting Type 5881 tubes for the 
6V6GT output tubes the nominal 8-w output of each ampli- 
fier may be almost doubled. Entirely adequate power sup- 
ply facilities have been provided for this contingency. How- 
ever, sound level measurements have shown that 100 mw in 
each loudspeaker of a multispeaker system is a pretty ade- 
quate level. Actual test of the subject system in a very 
large field house capable of seating perhaps 10,000 people 
shows that proper operating level of a low level, multi- 
speaker layout, and even feedback level was attained with 
plenty of reserve and a complete lack of audible distortion, 
even with limiters set well above the verge of limiting. 

The use of a number of low power plug-in loudspeaker 
amplifiers, rather than the typical P.A. approach utilizing 
one or more very high power output amplifiers, not only 
gives much greater flexibility in planning the loudspeaker 
circuits but eliminates the serious hazard of outage time 
should there be a single tube failure. It is impossible to 
lose more than one row should an amplifier go out, and a 
spare can be keyed in instantly. 


Monitoring Facilities 


Directly above the output lever keys on the left-end panel 
is a fourteen station interlocked pushbutton selector switch 
which allows selective monitoring of the actual output of 
each of the loudspeaker amplifiers, including spares. The 
associated phone jack is located just below the table top on 
the left console end. Volume to this jack may be set by a 
variable control located inside the console. It is normally 
set and never touched thereafter. 

The operator’s assistant, who acts as a spotter, constantly 
checks the loudspeaker amplifiers with this monitor switch 
circuit and can notify the operator to switch in a spare if 
a failure occurs. It would be much more difficult perhaps 
to become aware of such a localized outage in a large loud- 
speaker array were it not for this monitoring circuit. 

Three earphone jacks connected to the terminated pro- 
gram buses appear in the right-end jackfield. Previewing 
of any input can be had by momentarily switching it to the 
third channel for headphone monitoring (with the output 
keys off). An entire loudspeaker amplifier group can be 
lifted by inserting the headphones into the output selector 
switch jack. 

Tape feeds from each of the three channels, at program 
level, are provided at the left-end output terminal board. 
Either monophonic or stereophonic monitoring can be pro- 
vided through this tape feed. It is interesting to note that 
the tape facilities and the wide-range broadcast-quality com- 
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A THREE-CHANNEL STEREOPHONIC SOUND REINFORCEMENT MIXING CONSOLE 


ponents of this console allow its use for either recording or 
broadcast feeds. Intra-organizational uses may be found 
in addition to that described here. 


Power Supply Facilities 


There are 15 power supplies in the console. Every at- 
tempt has been made to alleviate the possibility of a failure, 
and spares are provided throughout. The power supplies 
are each individually fused. 

When the console is initially turned on, the VU meters 
will immediately light as will any pushbuttons that are de- 
pressed. In a few seconds all neon indicator lights on the 
left-end panel will light showing that all high voltage and 
low voltage supplies are working. 

If any neon light is out, its associated high voltage power 
supply is not operating. If the meters do not light, the 
6.3-v de heater supplies are not working. If the pushbuttons 
do not light up, the 24-v dc relay supplies are not operating. 

In the event that the regular 6.3-v dc supply fails, its 
relay falls out and connects the emergency 6.3-v dc supply. 
These feed the VU meters and the heaters of the preampli- 
fiers, the program boosters, and the Graphic equalizers. If 
both regular and emergency 6.3-v dc supplies are out, fila- 
ment power may be restored by switching the preamplifier 
B-plus supply to the emergency position (up on the extreme 
left-hand toggle switch, left-end panel). The console signal/ 
noise ratio will suffer somewhat but will in no way be ob- 
jectionable from an audible standpoint. If the 24-v dc 
supply fails, its relay falls out and automatically connects 
the emergency 24-v dc supply. If both of these go out, 
the console will still operate normally with the loss of emer- 
gency switching to spare loudspeaker amplifiers and spare 
high voltage power supplies. 

One B-plus supply feeds all preamplifiers, program boost- 
ers, and the Graphic equalizers as well as emergency fila- 
ment power to this same group when its spare is switched 
in. Another similar supply feeds the limiter program am- 
plifiers and is provided with a spare. Six more similar 
supplies feed pairs of power amplifiers, and a spare may be 
switched in on an interlocked basis should any one fail. 


Equalizer Facilities 


The upper right-end panel contains three space-loss equal- 
izers. These provide for each channel a curve which peaks 
at 10 ke and is adjustable in 2-db steps starting at 1000 cy. 
This curve may be useful in upholding speech intelligibility 
when the system is used in a location where loudspeaker 


throws are long and overlapping fairly poor. It can also 
be used to advantage if the speakers are of typical P.A. 
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quality having a haystack at 2-3 ke and generally rolling 
off in response above this peak. 

In the center of the main mixing panel, holding a place 
of obvious importance, are three Graphic environmental 
equalizers, one in each of the three program channels. Each 
equalizer provides six discrete frequencies which encompass 
the major part of the audio spectrum, and which can be 
either boosted or attenuated without interaction with the 
other controlled frequencies. The usefulness of this device 
is tremendous since it can in many cases be used to correct 
loudspeaker deficiencies while simultaneously eliminating 
acoustic resonances which trigger feedback. The over-all 
electroacoustic curve can be tailored to the location and the 
equipment used external to the console. The- filter and 
amplifier units which comprise the electronic section of the 
Graphic equalizer are also plug-in units. 


Ventilation 


A twin centrifugal blower positioned in the rear center 
door supplies 350 cu ft/min of outside air at zero static 
pressure. Thermal measurements have been made which 
indicate that the ensuing pressure within the cabinet (leak- 
age only through door cracks and the jackfield) is adequate 
to keep the temperature just above the power amplifiers and 
power supplies at about 140°F. Alternatively, one or more 
of the front doors can be removed for improved ventilation 
with the blower running but with some increase in dust 
hazard. 
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The Development and Application of Synthetic Reverberation Systems” 


Lewis S. GooprrieNp, Lewis S. Goodfriend & Associates, Montclair, New Jersey 
AND 


Joun H. Beaumont, Vanguard Recording Society, New York, New York 


Reverberation is an essential element of audio program material. This paper traces the historical 
and engineering development of synthetic reverberation systems from the echo chamber through 
acoustical and electromechanical devices to the modern re-entrant magnetic tape reverberation 
generator. The use of multiple heads with electronic re-entry and the need for nonintegral spacing 
of heads and extremely uniform electronic frequency response in magnetic tape systems are analyzed. 


INTRODUCTION 


INCE THE early days of talking pictures, audio engi- 

neers have been using synthetic reverberation to increase 
the apparent reverberation time of program material. Such 
a technique permits broadcasts or recordings made in small 
absorbent studios to sound as if they had been made in a 
concert hall, a cathedral, or a cave. Today, reverberation is 
added to program material for motion pictures, radio, tele- 
vision, and phonograph records. 

Early systems for adding reverberation to program signals 
were in general based on the use of an echo chamber; that 
is, a large empty room with highly reflective walls. A room 
of 10,000 cu ft volume is capable of a reverberation time 
as long as ten seconds. A microphone and loudspeaker are 
located in the room. The signal to be modified is fed to 
the loudspeaker and is picked up by the microphone after 
being modified by the room reverberation. The input signal 
may be fed from a wye connection on the control console 
to one mixer position and to the amplifier for the chamber 
loudspeaker. The microphone preamplifier signal is fed to 
a second mixer position, and the amount of the reverberant 
signal added to the direct channel determines the effective 
reverberation time. This system is still in use today. It 
has one major advantage. It is purely acoustical reverbera- 
tion that is being added to the program signal. Use of an 
equalizer after the reverberation channel permits the rever- 
berant signal to be further modified to give the boomy re- 
verberation of a cave or the balanced reverberation of the 
concert hall. The major disadvantage of an echo chamber 
is the amount of space which must be allocated for a dis- 
continuous use. 


* Presented October 3, 1958 by Lewis S. Goodfriend at the Tenth 
Annual Convention of the Audio Engineering Society, New York. 


However, in a large organization, several echo chambers 
may be required for use simultanecusly, although for only 
a few minutes a day. The rest of the time they are un- 
productive. Also, the problem of getting sufficient sound 
isolation between several chambers is not easy to solve. In 
addition, it is common to employ several microphone posi- 
tions within a chamber in order to obtain special effects. 
Thus, the investment in both real estate and equipment for 
echo chambers is often quite high. 


PRIOR ART 


As soon as the primary requirements for an echo chamber 
signal were determined, smaller and less expensive means 
were considered for the purpose. The three major require- 
ments for synthetic reverberation are an initial time delay, 
a series of delayed signals similar in structure to the origi- 
nal signal, and a relatively smooth decay in level. Many 
such systems have been conceived. They basically are all 
illustrated by the block diagram of Fig. 1. These systems 
may be divided into the following general categories: three- 
dimensional acoustical systems, one-dimensional acoustical 
systems, mechanical delay systems, two-dimensional me- 
chanical delay devices, electrical wave-delay lines, electro- 
optical systems, multiple-head magnetic recording devices, 
and finally the re-entrant magnetic tape recording system. 

Some examples of these will illustrate the problems and 
the progress in this field. 

In 1934, a patent was issued to E. H. Schreiber on the 
basic system as illustrated in Fig. 2. This is a loop system, 
and if the gain of the loop is too high it will ring just like 
a sound system “feeding back.” A more complex echo 
chamber system was covered in a patent issued to A. Pfister 
in 1938. In the same year, Alfred N. Goldsmith was issued 
a patent for a system using a multiplicity of reproduce heads 
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THE DEVELOPMENT AND APPLICATION OF SYNTHETIC REVERBERATION SYSTEMS 


Time Deley 
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Fic. 1. Basic form of reverberation generator. 


with a magnetic wire recording system. The complexity of 
the mechanical system and the inability of wire recording 
to provide professional recording or broadcast quality pre- 
vented the system from becoming popular. 

An ingenious application of electronics and optics was 
patented by Peter C. Goldmark in 1940. It made use of a 
large flat disc, the rim of which was coated with phosphores- 
cent material. Recordings were made on the coated rim 
with a modulated light source and were picked off the rim 
by appropriately spaced photocells. 

The exponential decay of the phosphorescent material 
was used to approximate the acoustical decay in a room. 
The mechanical and electrical complexity of the device and 
its limitations with respect to noise, frequency response, and 
distortion due to the phosphorescent material in addition to 
its high cost precluded its wide use. 

In 1941, S. K. Wolf demonstrated the first use of mag- 
netic recording tape in a synthetic reverberation generator 
shown in Fig. 3. 

Erase and record heads were followed by 16 playback 
heads. The tape was a steel ribbon. To simulate rever- 
berant decay the level of each signal from each playback 
head had to be adjusted to match a preselected decay curve. 
The cost of the system and World War II cut short experi- 
mental use of the equipment. Following the war, plastic 
base iron oxide recording tape was introduced into this 
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Fic. 2. E. H. Schreiber reverberation generator. 
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country and no further work employing steel tape was 
carried out on this device. 

A small box containing concave mirrors was patented in 
1942 by E. W. Davis who claimed in the patent that the 
mirrors would reflect sound to product “a polyphase wave 
pattern . . . resembling a choral effect.” Unfortunately the 
box is too small to provide a sufficient delay, and any signal 
in it would suffer 2 considerable change in quality. 

The use of ultrasonic carriers modulated by the audio 
signal and delayed by suitable ultrasonic delay methods was 
covered in a patent issued in 1943 to W. D. Phelps (Fig. 4). 

In 1947, a patent was issued to M. Parisier for a system 
in which a small reverberation chamber could be evacuated 
to control the acoustic velocity and thus the rate of decay. 


MAGNETIC 
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DEACTIVATION 

SwiTCH 

AMPUFIER 
TAPE ORIVE 
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Fic. 3. Artificial reverberation device (according to S. K. Wolf), 
using steel ribbon and 16 playback heads. 


Later, in 1947, a patent was issued to Barton Kreuzer in 
which he disclosed a method using ultrasonic signals modu- 
lated by an audio signal (Fig. 5). The ultrasonic signal 
was to be inaudible and to be fed by a transducer into any 
space suitable for reverberation whether it was in use or not. 
No mention was made of the fact that air absorption se- 
verely limits reverberation time at high frequencies. H. F. 
Olson was issued a patent on a system of transducers and 
long pipes in 1950 (Figs. 6 and 7). 

In addition to these systems, others—some patented and 
some not—were developed to produce synthetic reverbera- 
tion. Among the others are the Hammond multiple, oil- 
damped spring system, and a variety of magnetic tape and 
acoustical pipe and transducer systems. None but the echo 
chamber and the modern re-entrant magnetic recording tape 
system has received wide commercial acceptance. 


SOME ACOUSTICAL REQUIREMENTS 


To learn why acceptance has been so limited, one must 
turn to the fundamentals of acoustics. In studying the 
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LEWIS S. GOODFRIEND AND JOHN H. BEAUMONT 


Fic. 4. Ultrasonic delay system by W. D. Phelps.t 


acoustics of enclosures, the equations for the decay of sound 
energy in a room are used. 


Fic. 5. Ultrasonic reverberation system by Barton Kreuzer. 


+ The editors wish to apologize for the subminiature illustrations in 
this paper. However, in most cases what the authors are illustrating 
is shown adequately large enough to convey the state of the art and 
they feel the detail is of no particular consequence. It is because of 
the number of illustrations in the paper we were obliged to keep 
their size to a minimum. 


After a sound source has been turned off, the energy in a 

diffuse sound field in a room at any instant is 
E(t) = Ey exp [-(Ac/4V Jt], 
which can be written as 
E(t) = Eye, 

where 5 is the damping constant. The equation has a form 
similar to that of the decay of direct current in an RL cir- 
cuit, having a time constant 1/b or 4V//Ac. 

Reverberation time is defined as the time required for the 
energy to drop 60 db, that is, to a value 1/10° of the initial 
value; or 


[Eo/E(t)] = 10° 
bT oo ab — 6 log, 10 


= (4V/Ac) In 10° 

= [(24 In 10) /1130] (V/A) 

= (0.049 V)/A, 

where V = room volume in cubic feet and A = total room 
absorption including air absorption. 


T co db 


Fig. 2. 


Fic. 6. System of long pipes by H. F. Olson. 


MODAL STRUCTURE 


Now where T is to be large, the total absorption, A, must 
be small and the volume must be large. In addition, to 
approximate acoustical reverberation, one must approximate 
the room resonances, the normal modes of decay. For a 
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THE DEVELOPMENT AND APPLICATION OF SYNTHETIC REVERBERATION SYSTEMS 


Fic. 7. System of long pipes by H. F. Olson. 


“good” live room the reverberation time must be long and 
the normal modes must be well-spaced. The equation de- 
fining the normal modes in a room is as follows: 


é jig s\* ¢\> 
hrs. —_—_— / — + <ane — _ " 
ae” y \/ w h 

With two pairs of opposite walls completely absorbent, 
the equation reduces to f,.;—= (c/2)* (r/l). 

It is the correct modal structure that provides smooth 
decay and thus realism and acceptability in synthetic re- 
verberation. 

Also, it is necessary that the repetitions occur at an inter- 
val after the initial sound, usually in the range two hun- 
dredths to five hundredths of a second, succeeding intervals 
being shorter. 


Many systems can provide merely a prolongation of sound 
energy through the repetition of signals after discrete time 
intervals or at selected frequencies, however, even signals 
which were produced by relatively high-quality delay devices 
and which prolonged the energy with many like-repetitions 
were rejected by the recording and broadcast industries for 
many years. Also rejected were all of the earlier devices 
previously mentioned. 


CHARACTERISTICS OF VARIOUS SYSTEMS 


Let us test several systems for continuity of energy decay 
and modal structure. 

First let us check a large room for reverberation time and 
the lowest normal modes which will be generated. 

The room dimensions are 40 «48 X 14 ft. 

The lowest normal modes are shown in Fig. 8 at A. 
Note the wide distribution. The reverberation time with 
plaster walls is 5.2 sec. If the walls are shellacked, the 
reverberation time will be 14 sec. 

A small enclosure (equivalent to a converted storage 
closet) such as some proposed in early patents for direct 
reverberation or for models with ultrasonic carriers, might 
have dimensions of 5 X 7 < 9 ft. The three lowest modes 
occur at 63, 81, and 113 cps which are too high in fre- 
quency. The maximum reverberation time will be 3.6 at 
500 cps with all surfaces shellacked plaster on concrete or 
brick. However, with air absorption at 16 kc, the rever- 
beration time would be only 0.7 sec for such an ultrasonic 
signal. Also, the first reflection will occur in less than 0.01 
sec. This is why a small echo chamber sounds so poor. 


PIPES 


Four pipes of 25, 55, 75, and 110 ft in length will produce 
an initial delay of 22.2 msec and a maximum delay of 97.5 
msec and correspond to the lowest modes of a room of 37.5 
27.5 * 12.5 ft. Although the normal modes are suitable, 
such an arrangement does not meet the requirements for 
prolongation of energy since the energy is distributed in 
four packets and the effect is obviously not exponential but 
may be defined as 

E(t) = aE, a bE, oe cE, ot dE,, 
where a, 5, and c are less than unity and E£’s are the sound 
energy values at the earlier time when the source is shut off. 

If the number of pipes is increased sufficiently, the sys- 
tem becomes quite effective, but initial and maintenance 
costs are prohibitive. Also, in general the delays must be 
of fixed duration. 
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Frequency a Cycles per Second 
Fic. 8. Lowest normal modes of chamber: A. 40 X 48 X 14 ft; 
B. 24 X 36 X 12 ft; C. 14 1.7 X 1 ft. 
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Fic. 9. Frequency response of a re-entrant tape system after vari- 
ous numbers of signal repetitions, showing effect of inadequate uni- 
formity of response of ordinary tape recorder. 


SPRINGS AND PLATES 


Examining a spring system, we find that the transmission 
velocity of usual metals is 10 to 15 times greater than that 
for air. Thus, to achieve an appropriate initial time delay 
requires excessive lengths of materials. Common spring 
systems and metal plate or screen systems require that the 
signal be reflected many more times per second than occurs 
in a large chamber. For example, a metal plate eight feet 
by three feet is equivalent to an air cavity approximately 
two inches by six inches. Thus, the signal has considerably 
more opportunity to be modified in frequency spectrum on 
each reflection. It should be noted that a spring provides 
true exponential decay but that the damping varies with 
frequency. This gives springs and other metallic reverbera- 
tion systems a typical ringing or “metallic” characteristic. 

Plate and wire screen systems are also afflicted with the 
same problems as springs—long decay at the expense of 
quality degradation and one-dimensional modal character- 
istic. 

Some attempts have been made recently to use light 
metal sheets excited in their plate mode rather than their 
longitudinal modes. In such systems the result is highly 
frequency dependent and such systems tend to have a 
boomy quality at low frequencies for long reverberation 
times. They are also limited in maximum decay time to 
two or three seconds at all except extremely low frequencies 
because of the size limitation. Also, they do not provide 
the initial delay in the arrival of the first reflection, essen- 
tial to naturalness. 

To achieve realistic synthetic reverberation, one must 
provide characteristics similar to those in a large reverber- 
ant space which were discussed earlier: (1) A discrete time 
delay for the first few reflections similar to the delay 
achieved in a chamber (Fig. 13); (2) exponential energy 
decay; and (3) nonresonant decay similar to a chamber 
with widely spaced normal modes. 
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THE RE-ENTRANT TAPE SYSTEM 


After World War II, it occurred to many people that 
modern magnetic recording tape would provide an excellent 
storage medium, and the time delay between recording head 
and playback head would provide a suitable delay for the 
first reflection. Attempts to use commercial tape recorders 
for this purpose, returning a portion of the output to the 
input, have not been successful. The reasons are basic. 
First, only one time delay is provided corresponding to a 
one-dimensional room, a pipe. Second, the use of the elec- 
tronic equipment of a commercial tape recorder for such a 
re-entrant system introduces amplitude-frequency changes 
which, in turn, cause an unnatural ringing sound in the 
output, as in Fig. 9. 

Thus, a new criterion must be added to that of the three 
earlier ones. The re-entrant system must be sufficiently 
uniform in response to produce hundreds of generations of 
copies from the original signal without quality degradation. 

Considering a re-entrant system, such as that shown in 
Fig. 10, one can see in Fig. 9 that losses of 0.1 db at 100 
and 7000 cps will become 10 db after 100 generations. 
Losses of 0.5 db at 40 and 12,000 cps will become 50 db 
after 100 generations. This is the basic problem of a re- 
entrant system. However, a re-entrant system with two 
carefully equalized playback heads and suitable delays be- 
tween heads should provide long smooth decays. Since the 
output level of such a system is an exponential function of 
time, the system meets this criterion. 


The spacing of heads and the tape speed determine the 
time delays and effective normal modes. The tape speed 
is set at 30 ips by the demand for extremely uniform re- 
sponse in the range 100 to 10,000 cps, with only simple RC 
equalization permissible. With more complex network 
equalizers, it is impossible to maintain a sufficiently flat 
frequency response. With still higher tape speeds than 30 
ips, tape and head life are greatly reduced. 

We have thus determined the various criteria for a re- 
entrant magnetic tape recording synthetic reverberation 
generator. No difficulty is found in achieving such a sys- 
tem in practice. The basic design parameters are tape 
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Fic. 10. Re-entrant tape system, block diagram. 
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THE DEVELOPMENT AND APPLICATION OF SYNTHETIC REVERBERATION SYSTEMS 


DECIBELS 
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REENTRANT MAGNETIC TAPE SYSTEM 
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Fic. 11. Effect of nonintegral head spacing in filling time intervals. 


speed, frequency response, time delays, and number and 
spacing of playback heads. 

Having fixed the tape speed at 30 ips, the spacing of 
heads was arranged to achieve a minimum initial time delay 
of 28 msec. Time delay for the second head was set at 63 
msec in the prototype model which gave a delay in time 
between the first and second heads of 35 msec. 

If a portion of the playback signals is returned to the 
input the nonintegral relationship between the head spacing 
delays provides new signals between the signals provided 
by the pickup heads on playing the second generation re- 
cording (Fig. 11). 

Considerable experimental work has verified the design 


Fic. 12. Reverberation generator using a tape loop and seven play- 
back heads. 
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criteria. Translating these requirements into electronic and 
structural terms, we can state: (1) The tape and electronic 
system must be flat to within + 0.1 db from 100 to 10,000 
cps. (2) The tape speed shall be 30 ips. (3) The minimum 
record-to-playback head spacing shall be 20 msec. (4) The 
maximum spacing between successive playback heads shall 
be 50 msec. (5) The ratio of spacings of the heads shall 
not be integral. (6) A re-entrant record-playback system is 
required. (7) At least two playback heads must be used, 
(but as many as six are permissible) . 

To discuss the problem of head spacing a bit further, it 
should be pointed out that the use of playback heads spaced 
by an integral ratio from the record head merely adds level 
to the signal but contributes no effective reverberation. The 
use of nonintegral spacing provides additional energy in the 
time domain at such points as to contribute to the rever- 
berant energy but not adding appreciably to the voltage 
amplitude of the signal; i.e., the decay curve is smoother. 
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Fic. 13. Reflections in an echo chamber 40 X 110 X 80 ft. 


Figure 12 shows a current version of a magnetic tape 
synthetic reverberation unit* designed in accordance with 
these principles. 

It is equipped with seven playback heads, some of which 
are positioned for echo effects. Their use is controlled by 
the toggle switches located over the central head assembly. 
The VU meter is used to verify input signal levels and ad- 
just output levels to correspond to levels in the user’s sys- 
tem. Controls are also provided to adjust the level of the 
reverberant signal in relation to the direct signal, and to 
control the rate of decay. The rate of decay control in 
effect controls the damping constant in the exponential 
equation. 

E(t) = Eve, 
and so changes the effective reverberation time. 

Side-by-side comparisons between an echo chamber (Fig. 

13) and this re-entrant magnetic tape reverberation genera- 


+ U. S. Patent 2,748,192. 
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STEEL SPRING, 30’ UNCOILED LENGTH 
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Fic. 14. Operation of a steel coil spring. 


tor (Fig. 11) show that it can duplicate all of the useful 
effects of the chamber. Some chambers can sustain single 
tones from oscillators for extreme periods of time. Although 
careful adjustment of the tape generator can duplicate this 
effect it has no practical use, and no attempt is made to 
adjust production machines for this purpose. It is impossi- 
ble to tell the difference between music and speech signals 
to which reverberation has been added by the synthetic 
reverberation generator and those from an echo chamber. 

For comparison we show results from a steel spring (Fig. 
14) and from a multiple pickup tape system without feed- 
back (Fig. 15). 
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Fic. 15. Operation of a non-re-entrant tape loop system using ten 
playback heads. 
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Editor’s Note: The taped demonstration which followed the pre- 
sentation of the paper by Mr. Goodfriend included the following 
elements intended as demonstrations of the capability of a tape loop 
re-entrant reverberation generator. 

1. The first band was intended not only to introduce Mr. Beau- 
mont but also to display one of the characteristic abilities of long 
delay, loop systems capable of better than unity gain. The name 
“John Beaumont” was repeated a number of times with slightly 
diminishing level, followed by the word “coming” repeated a number 
of times with slightly increasing level. The effect was created by 
allowing the generator to record the speech, and re-record the appro- 
priate words, using its long delay head. The ability of the device to 
produce usable re-recordings to the tenth generation or more, essential 
to the re-entrant reverberation of program material was illustrated. 

2. The second band illustrated a practical problem in the use of 
reverberation devices. Movements of a symphonic work had been 
recorded in two different halls with different acoustic properties, and 
the re-recording problem involved matching the sound, and in par- 
ticular the decay time, of the better hall. The illustration given 
Continued on page 250 
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Various types of systems are described in general terms and one, an audio induction system, 
is described in detail. The author describes this new method of paging, compares its effectiveness 
with conventional methods, and presents a few of the many situations in which it is supreme. 


Simplified schematic-block diagrams make this system easily understood. 


| pwned PAGERS represent new paging methods that 
the sound engineer will do well to investigate carefully. 

The systems are so logical that every sound engineer 

should have them available for his customers and clients. 

Generally speaking, a pocket pager is a small wireless 
receiver, carried by an individual so that he can be located 
when needed—but located by a means that does not disturb 
others. 

There are many places where it is not desirable to page 
by ordinary audible means—hospitals, offices, executive 
suites, and so forth. The distraction caused by loudspeaker 
paging has kept many concerns from using them; indeed, 
the need to maintain a quiet office atmosphere has often 
excluded the use of intercoms. 

The need for quiet is even more necessary to hospitals. 
True, most use P.A. systems for paging, but they are usually 
so arranged that they do not cover patients’ corridors or 
rooms. They are even toned down so as to be just audible 
in the public areas. Then at nine p.m. practically all shut 
off their systems until morning. All night long they operate 
without adequate means of locating needed personnel. 

In manufacturing plants, the cost of paging by conven- 
tional means can be quite expensive on a per square foot 
basis. Where a few important individuals roam large areas, 
the cost of pocket pager coverage can be quite a bit less 
than loudspeaker coverage. 

Pocket pagers for bank guards or store detectives are an 
absolute must in the interest of maximum protection. 

Pocket pagers fall into two categories: selective and non- 
selective. The nonselective transmit speech only, which, as 
in any other voice paging system, is heard by all concerned. 
The selective systems have the ability to call one particular 
receiver, alerting its bearer with a buzz or a squeal. 

Most major cities have at least one firm engaged in the 
business of renting nonselective radio pocket pagers to doc- 


* Presented October 3, 1958 at the Tenth Annual Convention of the 
Audio Engineering Society, New York. 
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tors and other persons who move about a city but must be 
constantly on call. The receivers are generally of the super- 


regenerative type with a range of 10-20 miles. The bearer 
must put the receiver to his ear and press a button. Code 
numbers, assigned to the users, are broadcast constantly 
from a small endless tape recorder at the transmitting sta- 
tion. Reaching a person with such a pocket pager is not 
at all certain. The uncertainty is not caused by technical 
difficulties but by the human element—failure to put the 
receiver to the ear or listen for the code call. Only two 
frequencies have been assigned by the FCC for such use by 
licensed “common carriers.” Its common carrier status 
limits the service to rental only. 


The Bell System has an experimental selective pocket 
pager radio system in operation in the Allentown-Bethlehem, 
Pennsylvania, area and a similar system operating over one 
of its mobile radio frequencies in Columbus, Ohio. These 
systems are also common carriers, available on a rental basis 
only. 

The systems just described are not available to the sound 
merchandiser, but he will encounter them as competitive 
systems when he begins to sell pocket paging and, therefore, 
he should have some knowledge of them. There are several 
nonselective pocket pagers that operate by means of audio- 
frequency induction. No FCC license or permit is required 
to operate such systems. Generally speaking, a loop of wire 
extends from an audio amplifier around the area to be cov- 
ered with signal and back to the amplifier. The operator 
uses a microphone and pages in the normal manner. Mag- 
netic lines of force, reflecting the speech variations, radiate 
from the loop. These pocket pagers are generally hearing 
aids in which a pickup coil substitutes for the microphone. 
The conventional ear-piece is usually modified by the addi- 
tion of a lapel clip and a small horn. 

Neither the loop nor the pickup coil in the receiver is 
tuned so that pickup of fluorescent lamp buzzes, hash from 
commutator-type motors, and various other sources can be- 
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come quite objectionable. They can, however, be reduced 
considerably by increasing the audio power pumped into the 
loop and/or rearranging the loop to obtain a more uniform 
coverage. Operating in a strong uniform field permits the 
gain of the receiver to be reduced, thereby increasing the 
signal-to-noise ratio. 

This type of system is ideal where it is necessary to give 
instructions for immediate action and where it is probably 
not possible or practical to acknowledge receipt of the mes- 
sage at once. 

Bank guards can be alerted and directed in an emergency. 
Store detectives can be given descriptions of suspected shop 
lifters and check passers, or they can be directed to appre- 
hend shop lifters in action with a minimum of delay. 

The fact that each message is heard by all who wear re- 
ceivers is quite important and in many cases, besides those 
cited, is quite desirable. 

The country telephone line aspect of the nonselective 
pocket pager can also become quite annoying. You have, 
in effect, a P.A. system in which the loudspeaker is pinned 
on selected individuals. Thus, they will be bothered with 
every page instead of everybody else being bothered. This 
becomes increasingly annoying as traffic on the system in- 
creases. 

At this point, the selective systems enter the picture. The 
various selective systems have a lot in common with each 
other. They all operate by means of one frequency modu- 
lating another, and they all employ one or more tuned reeds 
as a means of decoding. One system operates in the Class 
C Citizen’s band (27.255 mc) and uses a ground plane whip 
antenna for radiation. Low frequencies are transmitted in 
sequence and a multireed decoder in each pocket pager sepa- 
rates wanted from unwanted signals. The correct low fre- 
quencies in the proper sequence will cause an oscillator in 
the receiver to generate a “squeal.” An FCC permit is re- 
quired but practically any hospital or industrial plant can 
secure one upon application. 

Another system operates by means of FM modulated rf 
induction. No FCC license or permit is required for this 
system even though it operates in the 60—200-kc range be- 
cause the power is kept intentionally low. The FM receiv- 
ers are tuned to one or another of several carrier frequencies. 
Each receiver has a tuned reed that rejects any frequency 
but its own. When its own frequency is present, the reed 
strikes an electrical contact causing a small speaker to buzz. 


PAJAR POCKET PAGER 


The system to be described in detail is a selective pocket 
pager called PAJAR that operates by means of audiofre- 


quency induction. The system is capable of calling any 
one of 120 individual receivers. The area to be covered 
with the signal is enclosed by a wire loop. 

The so-called transmitter is a multifrequency audio oscil- 
lator. A simplified schematic of the transmitter is shown 
in Fig. 1. This unit produces 6 carriers spaced 20% apart, 
ranging from 6000 to 15,000 cps. Each carrier is modulated 
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Fic. 1. Schematic of transmitting installation. 


by any one of twenty low frequencies. These modulating 
frequencies begin at 136 cy and range up to 347 cy in incre- 
ments of 5%. Thus twenty low frequencies, each modulat- 
ing any one of six carriers, produces a signal distinctive to 
120 individually tuned receivers. 

Each receiver tunes and amplifies the carrier, detects the 
composite signal, and amplifies the resultant low frequency. 
The low-frequency drives a tuned reed whose excursions, at 
resonance, are great enough to strike a diaphragm, alerting 
the bearer by the resulting buzz. 


TRANSMITTING SYSTEM 


Carrier stability is important, so a Wien bridge circuit 
utilizing temperature compensating components is employed 
in the transmitter, and drift is held to less than 0.5%. The 
carrier signal is fed into a modulator consisting of a push- 
pull input transformer, a dual triode, and a push-pull output 
transformer. 

The cathodes of both sections of the dual triode are com- 
moned and connected to one of the contacts of a vibrator. 
When the vibrator is operating, its reed alternately opens 
and closes the cathode ground circuit causing the tube to 
amplify the carrier frequency in bursts whose rate matches 
that of the vibrator. To obtain 100% modulation it is 
necessary to neutralize the triode and socket. This arrange- 
ment proved to be a convenient and inexpensive means of 
modulating the carrier. A selector system permits connect- 
ing any one of the twenty vibrators into the modulator. The 
balanced arrangement of the modulator effectively cancels 
out vibrator hash. 

Vibrator frequency stability is extremely important as the 
reeds in the receivers tune so sharply that 5% frequency 
separation is possible. The frequency of a tuned reed is 
governed by its length, mass, and compliance. The mass 
and compliance are constant, but the effective reed length 
of a vibrator varies as the driving power changes. Actually, 
a vibrator reed has two lengths—one, from the root to the 
tip—the other, from the contacts on the reed to the tip. As 
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POCKET PAGERS 


the driving power on the vibrator reed is increased, the 
shorter length (contact to tip) occupies a greater and greater 
percentage of the reed’s transit time, causing its frequency to 
increase. Consequently, a reed’s frequency varies as the driv- 
ing power varies—which is to say that the reed’s frequency 
varies as the line voltage varies. This variation can be as 
much as 2%, plus or minus. A separate power supply using 
a plus or minus 1% voltage regulating transformer provides 
the stable drive voltage required by the vibrators. A 
Hewlett-Packard Model 521A frequency counter is used to 
adjust both the carrier and the vibrator frequencies. 

Getting the power into the loop antenna is not quite as 
simple as it would appear at first glance. The loop is quite 
inductive and must be tuned before it will take any appre- 
ciable amount of current. The most practical tuning method 
found to date has been to use a decade capacitor box to de- 
termine the correct capacitor value. Tuning indication can 
be by means of maximum deflection of a hot wire ammeter 
or a 1000-ohm per volt voltmeter. It seems to make little 
difference whether the loop tuning is series or parallel. At 
resonance the current flow increases sharply. The Q of a 
loop, of course, determines the amount of current that will 
fiow, and the Q of the loop is tightly bound to the loop wire 
size. The larger the conductor, the higher the Q; the higher 
the current, the greater the radiation. 

Number 8 stranded wire is a convenient size. It is readily 
available, reasonably priced, fairly easy to install, and pro- 
duces a loop with a high Q. There are many places, how- 
ever, where No. 8 wire is difficult to install. Number 16 


rubber covered centerip fixture wire does a fairly good job. 
Both conductors should be shorted together at every splice 
and connected so that the resultant is the equivalent of a 


No. 13 wire. This rubber covered wire is soft and pliable. 
It is easily tucked behind mouldings or fastened to wood 
with a staple gun. 

Location of the loop is comparable, in some respects, to 
locating loudspeakers for maximum coverage. A survey is 
required in either case. 

The very nature of buildings is such that the receivers 
are required to operate close to the radiating loop and at 
extreme distances. Carrier tuning, of course, is affected by 
these extremes. The need to reject adjacent carriers, when 
the receiver is close to the loop and the field strength has 
increased a thousand-fold, dictates the 20% carrier separa- 
tion. Were it possible to arrange the loop so that the re- 
ceivers operated in a fairly constant field, then the carrier 
separation could be reduced with an increase in the number 
of individual channels possible. 

As this idealistic condition can seldom be achieved, we 
are stuck with the 20% separation. 

During the early days of work on the system, considerable 
attention was paid to patterns for loops encompassing the 
areas to be covered with signal. Where multiple loops were 
required great care was taken to properly phase the loops. 
These methods have now been found to be unnecessary and 
impractical except under certain ideal conditions. Large 
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steel structures interfere with the radiation of the signal. 
Elevator shafts will have “dead-spots” on the side away 
from the loop although the signal may be satisfactory within 
the car. Air conditioning ducting—a concentration of heavy 
steel beams in the building’s walls—all take their toll. Re- 
peated trials have shown the most practical loop installation 
method to be one wherein the loop is threaded through the 
area following a pattern of 25 ft of coverage on each side 
of the loop. In multistoried buildings only every other floor 
need be covered. The loop can be laid behind mouldings, 
under carpets, through suspended ceiling spaces, or what- 
have-you. The far end of the conductor must be brought 
back to the amplifier to close the loop. Cold water piping 
or the neutral of the power circuits can be used for a return. 

After determining the loop pattern, the required audio 
power can be figured. If No. 8 wire is used, one watt of 
audio power is required for each 100 ft of wire. More 
power is required if the wire size is reduced—No. 14 re- 
quiring four times as much as No. 8. 

It might seem that looping a building, or an area, is a lot 
of work—that possibly radio transmission might be more 
practical. This is true only under ideal conditions. Steel 
structural concentrations, sheet metal roofs, and heavy ma- 
chinery produce dead-spots for radio too; but correcting 
these deficiencies is, for radio, a formidable task. It pre- 
sents no serious problem with a wired loop—merely run the 
wire into the dead area. Besides, the job is only done once 
and then it is forgotten by all concerned. 


RECEIVERS 


The receivers are 1 X 2 * 5 in. and weigh 8% oz. Each 
is equipped with a pocket clip and a nylon lanyard. The 
lanyard provides an alternate carrying means by permitting 
the receiver to be fastened to the bearer’s belt. 

A complete schematic of the receiver is shown in Fig. 2. 
The antenna consists of a pickup coil wound on a flat ferrite 
rod and tuned to one of the carriers. Because the receivers 
are double-tuned to the carrier frequency, they are unaf- 
fected by motors, x-rays, fluorescent lights, etc. The carrier 
is amplified by two stages with a tuned circuit between the 
two stages. This second tuned circuit consists of a torroid 
and a small trimmer capacitor to tune it to the desired 
carrier. 

The amplified carrier is passed through a voltage doubling 
detector consisting of two germanium diodes. The resulting 
signal is that of the transmitter’s vibrator. This low fre- 
quency is amplified by two stages: the first is resistance- 
coupled, and the final is impedance-coupled with a crystal 
reed driver connected across the output choke. 

The tuned reed assembly consists of a bi-morph twister 
plate 1 in. sq, fastened at three corners with the reed 
fastened to the free fourth corner. Small adjustable weights 
tune the reed to any one frequency between 136 and 437 cy. 
The reed is located near a plastic diaphragm containing a 
very small Allen screw, adjustable from the front of the 
receiver. When the reed is driven by a frequency to which 
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it is resonant, its excursions are great enough to strike the 
diaphragm adjusting screw. The resulting buzz notifies the 
bearer that he is being called. The tuning of the reed is so 
sharp that frequencies 5% above and 5% below resonance 
will not produce reed excursions great enough to strike the 
diaphragm adjusting screw. The reed is not responsive to 
even order harmonics, and is only slightly responsive to odd 
order harmonics. 

Two batteries are used—a 1.3-v mercury A, and a 15-v 
B battery. Battery life is 180 hr of use for the A and 360 
hr of use for the B battery. A mercury switch connects the 
A battery when the receiver is picked up and disconnects it 
when it is laid down or inverted. Amplification is provided 
by CK-6417 filamentary subminiature tubes. 

An important feature of any signaling system must be 
the ease with which it can be used. The small, lightweight 
receivers are easy to use by those being called, and call 
originating equipment is easy for the telephone operators 
to use. 


CALL ORIGINATING EQUIPMENT FOR 
TELEPHONE OPERATORS 


Two types of call originating equipment for telephone 
operators are available: manual and automatic. The manual 
system permits the operator to call one receiver at a time. 
The operator has a switchboard with a switch for each 
carrier used and a switch for each vibrator used. To cal! a 
receiver, the operator throws the switch for the receiver’s 
carrier, then the switch for the vibrator. 

The carrier switch operates a relay that selects the correct 
oscillator and also a relay that connects the proper capaci- 
tor across the loop to tune it to the selected carrier. 

On large systems it often becomes necessary to be able to 
place more than one call at a time. This can be accom- 
plished by the automatic system. 

With the automatic system, the operator has a plug-board 
containing a jack for each receiver in the system. The jacks 
are arranged in rows by carrier and vibrator. As receivers 
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Fic. 2. Schematic of receiver. 
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are numbered by a combination of letter and number—Al, 
B3, and so forth, the rows are lettered in the one direction 
and numbered in the other. 

The operator has a number of plugs each of which when 
plugged into a jack acts as a switch connecting horizontal 
to vertical row. A germanium diode in the plug handle 
closes the circuit in the crossbar wiring of the board. Upon 
inserting the first plug in the jack, the operator presses a 
“start” button that places a “finder” mechanism in opera- 
tion. This mechanism scans the vertical rows and, finding 
one with a plug inserted, stops. Another “finder” starts, 
scans the horizontal rows, and stops when it finds a plug. 
It then transmits the call peculiar to that receiver (carrier 
and vibrator) and starts again. It will again stop and 
transmit if it finds any other plugs in the row or, finding 
none, it will start the first finder scanning the remainder of 
the vertical rows. This performance will be repeated over 
and over again. There is no limit to the number of calls 
the system can store and handle. When the last plug has 
been removed, the vertical finder makes one last hunt across 
the vertical rows and, finding no plugs, shuts down to a 
stand-by state. 

Why should it be necessary to repeat calls for a number 
of pocket pagers over a long period of time? There are 
many places where and many reasons why this could be 
required. Take the case of a hospital. The operator has a 

Continued on page 245 
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70-Watt Transistorized Public Address Equipment” 


Rosert C. ACKER 


Lawrence Radiation Laboratory, University of California, Berkeley, California 


This paper describes 70-watt transistorized public address equipment designed to utilize 24-v dc 
local power for communication at the University of California Bevatron. 


INTRODUCTION 


IHE BEVATRON at the Lawrence Radiation Labora- 

tory, University of California, is located in a large cir- 
cular building nearly 200 ft in diameter. Generator house, 
offices, and a recently added experimental area roughly 
double this space. To provide improved public address cov- 
erage in and around this building a total amplifier power 
output of about 150 w was specified. In the interest of 
maximum continuity of communication it was decided to 
use two concurrent 70-v distribution systems, each fed by 
its own power amplifier of 75-w rating with speakers allo- 
cated to one system or the other so that failure of one sys- 
tem at a time would not cause a severe loss of coverage. 
Input and mixing facilities were to be common to both sys- 
tems. It was also decided to operate most of the equipment 
from a 24-v local battery so that instructions from the main 
control room could be issued during and despite an outage 
of public utility power. The battery was to be shared with 
a local telephone system and would consist of 18 nickel- 
cadmium cells rated 20 amp-hr, “floated” at 25.2-v total. 


CIRCUIT POSSIBILITIES 


With the above in mind it became necessary to design 
suitable amplifiers and preamplifiers. Power units with an 
input of roughly one volt at a few hundred ohms and 75-w 
output for driving the 70-v lines were set up as the design 
objective. Battery powered operation pointed strongly 
toward transistors; the availability of a large family of high 
power transistors from Delco confirmed the choice. Pre- 
liminary thinking about circuit configurations capable of 
75 w at low distortion led to consideration of the trans- 
formerless ‘“quasi-complementary” circuitry described by 
Lin’ and shown in simplified form in Fig. 1. Unfortunately, 
this type of circuit soon appeared to be not well adapted to 


* Presented February 20, 1959 at the Sixth Annual Western Con- 
vention of the Audio Engineering Society, Los Angeles, California. 
This work was performed under the auspices of the U. S. Atomic 
Energy Commission. 

1H. C. Lin, Electronics 29, 173-5 (1956). 


developing the required power with only 25-v dc supply. 
With this supply voltage the circuit is capable of about 
eight volts rms output, which would have to be impressed 
upon an equivalent load of less than one ohm in order to 
produce 75 w. This impedance is somewhat too low for 
good efficiency with the available transistors; also, the peak 
currents involved (over 13 amp) require driving the tran- 
sistors to the point where their current gain has been dras- 
tically reduced. It should be noted clearly that had it been 
possible to work at higher voltage into impedances of three 
or four ohms the quasi-complementary configuration would 
surely have been chosen; it has been used by other engi- 
neers at this laboratory for powers up to 50 w with 45- or 
50-v de supply. 


DESIGN OF AMPLIFIER 


Attention turned next to a conventional push-pull array 
using emitter followers in the interest of lower distortion 
and better protection from transformer transients. The 
transistors would operate class B into 13.3 ohms, center- 
tapped, or 3.3 ohms load per transistor (except during cross- 
over). Peak current would be about 6.7 amp, giving 16-v 
rms across each half of the transformer primary. The 
2N174 transistors would be used because of the voltage 
swings encountered, with 2N158 units for drivers, also con- 
nected in push-pull, as shown in Fig. 2. This circuit was 
constructed experimentally and tested. Certain shortcom- 
ings were soon noted. First, the phase-inverting trans- 
former had to be selected with care to give sufficient step-up 
ratio to drive the second stage “wide open” without at the 
same time introducing excessive insertion loss or leakage 
inductance, the latter causing oscillatory behavior at each 
polarity reversal when the base current of either transistor 
ceased. Second, a tendency toward thermal runaway sug- 
gested the need for lower dc resistance from the 2N174 
bases to ground. Accordingly, a center-tapped choke with 
10-ohms dc resistance each side was added, as in Fig. 3. 
This helped considerably although it was evident that the 
driver stage was indeed required to run wide open to fully 
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swing the 2N174 bases. Here a brief digression into the 
numerical details is justified. A more elegant treatment of 
the general problem has been given by Melehy.2 What 
appears below is sufficient to determine the limits of per- 
formance of particular components. Each 2N174 is called 
upon to deliver 6.7 amp peak to 3.3 ohms. With a 25-v 
supply this leaves about 2.5 v across the transistor itself. 
Reference to Fig. 4 shows that this calls for some 250-ma 
base drive at a base-to-emitter voltage of 0.84 v. The driver 


Fic. 2. Basic push-pull configuration. 


stage thus has to provide the 250 ma at 23.3-v peak, which 
it must accomplish with a collector voltage of slightly over 
1.5 v. It can do so, but obviously there is very little lee- 


Output 
(70 V. Lane) 
UTC LS=34 


——o Common 
Fic. 3. Improved push-pull circuit. The CG-137 is connected with 
both windings series aiding, to serve as center-tapped choke. 


2M. A. Melehy, Proc. Natl. Electronics Conf. 13, 69-76 (1957). 


way in respect to collector supply voltage (see Fig. 5). 
Evidently some form of voltage step-up from the drivers 
to the output stage would remedy the limitation just dis- 
cussed as well as allowing the use of lower voltage (and 
therefore cheaper) driver transistors such as 2N277’s. For- 
tunately, this was easy to accomplish since the unit selected 
for the center-tapped choke was in reality a multi- 
impedance matching transformer and could be reconnected 
one to two turns ratio as in Fig. 6. Due to insertion loss 
of the transformer (approx 1 db) the full 1:2 ratio is not 
available, and the drivers must put out 13-v peak rather 
than half of 23.3. This is not a problem, however. The 
auto-transformer action now calls for 500-ma peak from 
each driver, which conveniently corresponds to maximum 
current gain—about 80—for the 2N277’s used. It is readily 
apparent that the 2N277’s in their turn each need 6- or 7- 
ma peak base current at just over 13-v peak (to ground), 
or about 40- to 50-mw total, easily obtainable from a single 
small transistor and a transformer of about 1:2 over-all ratio. 
Returning the transformer center tap to a 1N91 carrying 6 
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Fic. 4. Typical characteristics for 2N174. The family of curves 
shows I. vs. Vee, as a function of J». The single curve shows /- vs. 
Voe, at ax... 


ma provides temperature compensation bias for the driver 
and output stages. Connecting a small capacitor base-to- 
base absorbs switching transients without materially affect- 
ing frequency response. Allowing for the insertion loss of the 
transformer actually used here, the small transistor—a GT 
2N34—has to deliver about 5- to 6-ma rms into some 2000 
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Fic. 5. The 2N158 characteristics: 7- vs. Vee, with J» parameter. 
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ohms; it does so with supply voltage of 16 v dc. 


The 2N34 needs only a fraction of a milliampere input 
signal at perhaps 50 mv base-to-emitter, whereas the com- 
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Fic. 6. Complete amplifier. The CG-137 is connected with both 
200-ohm windings in series aiding with the 50-ohm tap on each used 
for driver emitters. 


t+ The 2000-ohm figure results from the reasoning presented. 
Those who prefer a more mathematical approach may compute a 
similar number as follows: 

Zi, = 1, + (Bit Ure, + Bi.) =, + (+ Dire, + a /Na] 
= ro, + (Bi +1) (re, + (A/N*y) 

(ro, + (Be + 1) (re, + Br,))}; 

where Z,, = input impedance, transistor 1; r,, = base resistance, 

transistor 1; g, = current gain, transistor 1; r,, = emitter resis- 

tance, transistor 1; Ri, = load impedance seen by transistor 1; 


N = step-up ratio of transformer; » — efficiency of transformer ; 
and Z,., Tr,» Bay Te R,, are similar quantities for transistor 2. 
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pleted amplifier is supposed to use an input of 0.78 v rms. 
Consequently, there is enough gain to employ 8 to 10 db of 
degeneration as well as 15 db of over-all feedback from the 
70-v line. Connecting a 0.22-mf capacitor from each 2N174 
base-to-ground stabilizes the amplifier with the over-all 
feedback loop and absorbs possible switching transients at 
the bases. Under these conditions the impedance looking 


Fic. 7. Modification of amplifier of Fig. 6 to improve efficiency of 
output transformer. 


into the base of the first transistor is effectively a few 
thousand ohms, which, in parallel with the base bias net- 
work, yields a net impedance of 600 or 800 ohms. 

The amplifier as shown in Fig. 6 is quite satisfactory for 
public address purposes. The low-frequency response has 
been limited to 180 cps by the input coupling capacitor; 
the transistors themselves limit the high-frequency response 
to about 6 kc. Between these limits the response is essen- 
tially flat with a slight rise around 3 kc. The battery 
drain at full output is less than 5 amp, corresponding to an 
over-all efficiency of about 60%; with no signal the drain 
is in the neighborhood of 100 ma. For public address 
purposes, a rigorous evaluation of distortion was superflu- 
ous; however, examination of the output wave form on an 
oscilloscope showed it to be quite sinusoidal right up to the 
level where clipping occurred. This level was actually 
about 16.5 v rms across either side of the output transformer 
primary, about 0.4 db more than the 15.8 v which was the 
design objective. Insertion loss of the output transformer 
itself (over 1 db) offset this advantage such that the full 
70.7 v was not actually developed at the secondary even 
though upwards of 70 w could be driven by choosing the 
correct load impedance. 


IMPROVED CIRCUIT 


Some thought was given to fabricating a custom-made 
output transformer of lower losses, but this seemed not com- 
pletely warranted. Re-examination of the unit on hand 
showed that it had two “50-ohm” windings which could be 
paralleled and used for a 66.7-ohm secondary of very low 
resistance, leaving the primary as the major lossy winding, 
particularly since only half the primary is in use at any 
given instant by virtue of class B operation. Chow et al 
suggested a bridge-type push-pull arrangement allowing the 
primary to be reconnected wtih all “2.5-ohm” windings in 
parallel for the 3.3-ohm winding, as in Fig. 7, thus cutting 


% Chow, Ghandi et al., Transistor Circuit Engineering (John Wiley 
& Sons, New York, 1957), Chap. 4. 
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Fic. 8. Preamplifier suitable for use with low and medium im- 
pedance dynamic or magnetic microphones. 


primary losses in half at the cost of two transistors used as 
switches to ground one end or the other of the winding to 
retain push-pull operation. This proved effective and cut 
the total insertion loss to about 0.5 db; otherwise the per- 
formance is as before. Two units have been fabricated, 
wired as in Fig. 7, each on a 7 X 17 in. “bathtub” chassis. 


PREAMPLIFIERS 


Space does not permit a description of the mixing and 
control facilities which, logically, are tailored to the specific 
need and are not of general usefulness. In this particular 
case, many of the control components are also to be used in 
conjunction with a 12-station two-way intercom. Some re- 
marks about preamplifiers suitable for use with the power 
amplifiers described above seem well in order, however. 
Excellent treatments of the preamplifier problem have been 
given by Davidson‘ and Bereskin®; the material below is 
considerably simplified. 

Figure 8 shows a two-stage microphone preamplifier with 
voltage gain of 40 db and input impedance 30,000 to 40,000 
ohms. It is capable of driving as little as 1000 ohms to a 
level of over one volt rms. As shown, this is about right 
for many of the low or medium impedance dynamic and 
magnetic microphones when held a few inches from the 
user’s mouth. The gain can be raised another 10 or 20 db 
by changing the 10 K feedback resistor to a higher value, 
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Fic. 9. Special preamplifier for use with hand-held low impedance 
controlled reluctance microphones, enabling use of microphone on 
long retractile cord, unshielded. 


4J. J. Davidson, I.R.E. Convention Rec., Pt. 7. 162-8 (1957). 
5 A. B. Bereskin, Proc. Natl. Electronics Conf. 13, 189-98 (1957). 


decreasing the feedback. At the expense of a poorer noise 
figure the unit as shown can also be used with many of the 
higher output crystal microphones if the microphone itself 
is shunted with a 0.02 pf capacitor. Alternately, more feed- 
back may be used yielding a preamplifier with a gain of 
about 20 db but with an input impedance of nearly half a 
megohm. With either of these latter two schemes it is diffi- 
cult to achieve much over 40-db signal-to-noise ratio under 
average speech level conditions. A better circuit for crystal 
microphones has been described by Bereskin,® along with 
an investigation of transistor noise. 

A special need manifested itself for a close-talking mag- 
netic microphone which could be used with a long, un- 
shielded, retractile cord of the type used in telephone work 
for supervisors’ headsets. The need was satisfied, as in 
Fig. 9, by using a low impedance controlled, reluctance 
microphone, installing a transistor right at the microphone, 
and letting the load circuit be at the “receiving” end of the 
cord. No extra leads are required and output signal levels 
up to about one volt are easily attained, so that shielded 
cabling is not required. Heating the transistor to body 
temperature produced negligible shift in operating current. 
An apparently similar commercial unit is available, featur- 
ing an encapsulated transistor amplifier. 

There was no need at the Bevatron for either disc or tape 
playback facilities. Had such a need existed, the circuit of 
Fig. 8 could have been used, modified slightly by incorpo- 
rating suitable capacitors in series and in parallel with the 
10,000-ohm feedback resistor to give proper equalization. 
This preamplifier would then be similar in several respects 
to one described by Lin.* Lin develops circuits suitable for 
magnetic and also piezoelectric phonograph reproducers; 
units constructed in accordance with Lin’s recommendations 
would also have been very satisfactory. 


CONCLUSION 


It is feasible to use transistors for amplifiers in the 70-w 
output class. These amplifiers can run efficiently using 24-v 
dc power. They can be made compatible with a large 
variety of simple preamplifiers, which may also be transis- 
torized. 


6H. C. Lin, J. Audio Eng. Soc. 4, 168-75 (1956). 


THE AUTHOR 


Robert C. Acker was born in Santa Barbara, California, in 
1926. During the years 1944-46 he served as electronic tech- 
nician in the Navy. He graduated from the University of 
California in 1950 with a degree in electrical engineering. He 
has been with the Radiation Laboratory since 1951, and is 
now an assistant group leader in the Electronics Department. 
Since 1954, his assignment has involved the Bevatron. Mr. 
Acker is a member of Tau Beta Pi, Eta Kappa Nu, Sigma Xi 
(Assoc.), a Senior Member of IRE, and an associate member 
of AES. 


: 242 ee] 
| "7 <i 
: i Quiet | 
, : 2034 
bi 
a 6.8K 10K 
ww 200K 
; 100 2.7K 5 
- 
{ 
zt 
a 
ie 
be 
7 
‘ 
a 
; 3K meine 
; @ cue a 
b 30K 
i 200 
: Ohm 2934 Long Cord 
ti Mike 
‘ : 10 
4 , oe a eee 
SS 
i: a 
% 
if 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1959, VOLUME 7, NUMBER 4 


Magnetic Modulator Playback Technique for Audio Applications 
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AGNETIC RECORDING techniques are now being 
employed extensively in data collection, machine con- 
trol, and audio recording because of the many advantages 
afforded by it such as high packing density, quick access, 
small volume, high fidelity, and ease of handling. The re- 
cent development of the magnetic modulator playback head 
has broadened the use of magnetic recording techniques. 
The magnetic modulator playback can sense the recorded 
flux rather than the rate-of-change flux. Recordings there- 
fore can be played back for laboratory analysis at any speed 
desired or in an audio application with no equalization re- 
quired for the low-frequency range. The following para- 
graphs describe the principle of operation and application of 
the magnetic modulator playback head. 


Figure 1 shows the general configuration of modulator 


head designs. The recorded tape passes over the playback 
gap in the same manner in which it passed over the record 
head gap. Signal flux flows through the structure and passes 
through the two saturable strips at the bottom of the head 
as shown on the figure. An alternate configuration involves 
a single saturable strip and bucking excitation windings as 
shown on Fig. 3. The two excitation coils are connected in 
such a way that the flux flows through the saturable ele- 
ments forming a local flux path which does not include the 
playback gap and therefore precludes the possibility of era- 
sure of the recording. Figure 2 shows the major flux paths 
of the head structure. A high-frequency current is applied 
to the excitation windings of the head at a level suffi- 
cient to magnetically saturate the fine strips in the lower 
part of the head. Coupling to the excitation coils to the 
output coil occurs twice each cycle of the excitation current. 
This occurs when the signal flux plus the excitation flux in 
the adjacent area saturate a section of the strip while signal 
flux minus the excitation flux in the other area does not 
saturate the strip, thereby causing a magnetic unbalance in 
the structure. The output windings pick up a complex sig- 
nal as a result of the variation of the magnetic unbalance 
in the saturable structure. 

Figure 3 shows the transfer characteristics of the modula- 
tor head. It can be seen that if no bias were used, and the 
structure were magnetically balanced, the output signal 
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would be zero. When the excitation flux is biased off of the 
neutral position the output wave form would contain even 
harmonics, predominantly the second harmonic. Further, 
if this bias point varies as a function of the intelligence sig- 
nal the amount of even harmonics will vary proportionately. 
The undesired even and odd harmonics must be filtered out 
and eliminated. This can be done simply by employing a 
single circuit tuned to the second harmonic of the excitation 
frequency as shown in the upper corner of Fig. 3. The out- 
put voltage (V 2nd harmonic) therefore takes the form of 
an amplitude modulated carrier which requires demodula- 
tion to obtain the original recorded signal. Again it is 
pointed out that the demodulated signal is the actual re- 
corded function rather than its derivative as would occur if 
ordinary velocity-type heads are used. 

The bias and signal range labeled “A” on Fig. 3 represents 
the limits within which the bias and intelligence signal can 
vary. The corresponding modulated signal output is also 
shown. These limits insure that the modulation will not 
exceed 100%. Therefore, simple diode detection can be 
employed. 

The dynamic range can be doubled and the distortion de- 
creased if the bias and signal range labeled “B” are used. 
With this type of operation, a suppressed carrier envelope 
is obtained which requires phase or synchronous detection. 

Choice of frequency and level of the excitation current de- 
pends to a great extent on the application. Roughly, how- 
ever, operation of the modulator head in the range of 10- 
400 kc is quite reasonable from the standpoint of use of 
tuned circuit components and avoidance of saturation prob- 
lems (skin effects) that occur at the higher frequencies. 
Excitation currents on the order of 50-500 ma are quite 
common. Output voltage (the modulated signal) usually is 
greater than 20 mv and can be as great as several volts 
depending on the playback gap size which, in turn, deter- 
mines the intelligence flux level. 

To give a somewhat better idea of the physical construction 
of the head, Fig. 4(a) shows one channel of a dual channel 
head which has a single saturable strip and bucking excita- 
tion coils. The pole piece of this particular head is a modi- 
fied standard nonlaminated pole piece. Two small clamps 
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Fic. 1. Magnetic modulator head configuration. 


are used to hold the pole piece in place and to press the 
saturable strip securely against it thereby completing the 
magnetic circuit. The entire excitation and output windings 
are wound concentrically around the saturable strip. The 
output coil contains approximately eight turns each, wound 
in opposition. Figure 4(b) shows the head assembled. Each 
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Fic. 2. Major flux paths in a modulator head. 


track is 0.048 in. wide and spaced 0.140 in. on centers for 
use on quarter inch tape. 
Due to the fact that the upper head and gap configuration 
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Fic. 3. Transfer characteristics. 


is similar to the pole piece and gap geometry of an ordinary 
record-playback velocity-type head, the modulator head has 
the same wavelength limitations. That is, the output ap- 
proaches zero as the recorded wavelength approaches the 
playback gap length, and the output again decreases to zero 
as the wavelength increases to dimensions beyond the head- 
to-media contact length. The output does not vary as a 
function of speed however, so that the playback frequencies 
can approach zero with no deterioration in the signal-to- 
noise ratio. 

The magnetic modulator playback technique has been em- 
ployed in several different instrumentation and control sys- 
tems as a means for time scale expansion for analysis, band- 


(b) 
Fic. 4. (a) One channel of a dual channel modulator head. (b) 
Dual channel magnetic modulator head. 


width reduction, and as a method of obtaining the original 
recorded function rather than its derivative. As one exam- 
ple of the application of the modulator playback head, a 
particular problem called for a playback system which could 
be employed in the analysis of transient recordings. Fur- 
ther, the system was to be used for bandwidth reduction. 
The transients consisted of frequencies in the range from 
400 cps to 100 kc and were recorded at 60 ips, giving re- 
corded wavelengths ranging from 0.15 to 0.0006 in. On 
playback the tape speed was greatly reduced, and the system 
was required to read the recordings at tape speeds down to 
and including zero. The transient signals could therefore 
be re-recorded with a pen recorder or other equipment for 
data interpretation. The same modulator playback system 
was employed to reduce the frequency bandwidth of test 
data recorded in the field so that it would be transmitted 
over conventional telephone lines to the central laboratory 
for analysis. 

Some of the more important specifications called for: dis- 
tortion of the over-all playback system to be elss than 1%, 
the output of the 0.6-mil wavelength recording to be within 
15 db of the 3.0-mil wavelength when played back at 334 
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ips with equalization, a signal-to-noise ratio of 50 db, and 
crosstalk to be at least 40 db below the normal playback 
signal level (1% 3rd harmonic distortion). A modulator 
playback system was developed meeting all these require- 
ments. A laminated pole structure was used to minimize 
losses during playback of higher frequencies. Experimen- 
tation with the modulator head led to the use of laminated 
saturable elements. By laminating the saturable elements 
a signal-to-noise ratio of 50 db was attained. Laminating 
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was necessary because the excitation frequency was suffi- 
ciently high to cause skin effects. 

Figure 5 shows the frequency-wavelength response of the 
modulator playback system. The system has a flat response 
down to dc for recorded wavelengths within the range shown. 

The magnetic modulator playback technique has also been 
applied to playback of pre-recorded music and program ma- 
terial. The excitation frequency was chosen around 300 kc 
so that the second harmonic obtained from the head was 
within the range of a broadcast receiver. The only elec- 
tronics required external to the receiver was a 300-kc excita- 
tion source, a single-stage tuned amplifier, and an antenna. 
This arrangement provided a simple and inexpensive play- 
back system. 

The recent developments in the magnetic modulator head 
which improved the signal-to-noise ratio from approximately 
40 db to beyond 60 db, its simple construction and inherent 
flat response to very low frequencies seem to render the 
modulator playback head well suited for high fidelity play- 
back of recorded tapes. The recorded tapes would not re- 
quire low-frequency compensation during recording thereby 
resulting in a greater low-frequency range while maintaining 
a good signal-to-noise ratio. The magnetic modulator play- 
back technique could also be a useful tool in acoustical labo- 
ratories for analysis of transient signals. The phenomenon 
can be recorded at normal speeds and then played back at 
reduced speeds for analysis. 


Continued from page 238 
message for Dr. Adams so she places his call on the air. 
Then she has a call for Dr. Brown, followed by one for Dr. 
Curtis, and still another for Dr. Driscoll. Before any of 
these answer, Dr. Emerson enters the hospital to make his 
rounds and calls the operator asking for an interne to ac- 
company him—Dr. Frank, if he is available or, if he is not 
available, then Dr. Gross. The operator plugs in calls for 
both Dr. Frank and Dr. Gross. The operator, having placed 
the calls, can do other things until she hears from some of 
the doctors she has called. The first to answer is Dr. Brown. 
He was examining a patient when his receiver buzzed. He 
completed his examination, went to the nearest phone and 
got his message. The operator then removed his plug. Dr. 
Driscoll called next. He was engaged in the same manner 
as Dr. Brown. The operator removed this plug, too, after 
giving him his message. Dr. Frank called and was told to 


meet Dr. Emerson. 
and Dr. Gross’ as well. 
the moment his pocket pager buzzed, and it stopped buzzing 


The operator then removed this plug 
Dr. Gross was not free to call at 


before he was free, so he ignored it. At the end of a half 
hour, Dr. Curtis’ office was on the phone again. The opera- 
tor reported that she was paging him but that he had not 
answered as yet. His office wanted him to call as soon as 
he could. Dr. Curtis was in surgery, and his receiver was 
in his locker. When the operation was over, he showered, 
dressed, and picked up his receiver to place in his pocket— 
then it buzzed. Dr. Adams was in O.B. and when free 
called the operator and got his message. The operator then 
removed the last plug from the board and the unit shut off. 

Pocket pagers open a new field and a new market for the 
sound engineer and merchandiser. It literally gives him a 
third dimension in paging. 
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LETTERS TO THE EDITOR 


in the page 33 example, it is scarcely surprising that the correspond- 
ing values of Qs also differ by the same factor. If you measure 
something in inches you are going to get a higher value than if you 
measure it in feet. 

There is some doubt that a completely fair and rigorous compari- 
son can be achieved on the basis of Q, however defined. In the 
vented case the total effective speaker mass is not the only mass in 
the circuit; moreover, the peak in response occurs at a higher fre- 
quency than in the corresponding closed-box case. The way out of 
this is to go directly to the parameter most intimately concerned 
with efficiency, damping, and transient response, namely Rm», the total 
equivalent series mechanical resistance, the only resistance in the 
postulated equivalent circuit. It is possible to use Novak’s equations 
to put Novak’s findings in terms of R» as defined by Novak. Then 
there can be no argument about the results. 


Transposing the equation which appears in Fig. 3, 
Rm = woM »/Q. (20) 
Novak states that for the closed-box situation (in the example previ- 
ously referred to) speaker resonance occurs at 60 cycles and the 
optimum value of Q is 1. Substituting these values in Eq. (20), 


m = 60 27M m. (21) 
Similarly, from the equation for Qs in the Table of Symbols, 
Ru = wsM »/Q. (22) 


Novak states that for the vented box situation the optimum Q is 0.32 
and speaker resonance is 20 cycles. So: 


Rm = 20* 24M »/0.32 = 62.5* 24M m. (23) 
Comparing Eqs. (21) and (23) shows that according to Novak’s 
analysis there is very little difference in the optimum value of Rm as 
between closed-box and vented operation. This, in the case of the 
same specific example in which the difference in @Q previously ap- 
peared most dramatic. 

Now, if optimum circuit resistance is practically the same in either 
case, it would be folly to change it substantially when a change is 
made from closed port to open port operation or vice versa; such a 
change could only downgrade the performance. So what happens to 
Novak’s statements about differences in damping? And whence 
comes his figure of 3 db greater efficiency for the vented case? 

As for transient response, it challenges common sense to say that 
adding a dissipationless mesh to a series circuit could by itself im- 
prove that response. To properly assess the effect of the port would 
require a more complicated analysis than that advanced. The short- 
comings of the analysis are exemplified in Figs. 9, 11, 12, and 13. 
Note that none of these figures shows any dip in the response at 
w/ws—=1. Yet at that frequency the excursion of the loudspeaker 
is zero, as shown by Fig. 7. In other words, considerable power is 
coming out of the unit as a whole, but none is being put in! 

With regard to transient response, the clincher is that the transient 
performance of a minimum-phase-shift network is completely char- 
acterized by its steady-state performance. No amount of algebraic 
legerdemain can refute that fact. Any substantial difference in transi- 
ent performance would necessarily be accompanied by a correspond- 
ing substantial difference in roll-off characteristics. The only differ- 
ences that can be discerned between the respective roll-offs plotted 
in the Novak paper are differences that favor the closed box, not the 
vented box. 

In summary, the conclusions reached in the paper concerning damp- 
ing, efficiency, and transient response in closed-box and vented-box 
systems, respectively, are simply not justified on the basis of the 
analysis presented to back them up. Whether or not they are justi- 
fied on other grounds is a separate issue. 
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Reply to Comments on “Performance of Enclosures for Low 
Resonance High Compliance Loudspeakers” 
J. F. Novax 
Jenson Manufacturing Company, Chicago, Illinois 

Mr. Clements’ interpretation of my title is unfortunate. Nowhere 
in the text or derivation of equations is any restriction placed on 
the driver compliance. The equations and comments are quite valid 
whether the driver has high, average, or low compliance. This, how- 
ever, is beside the point. The basic problem here seems to be the 
definition of ws, speaker resonance. 

The writer pleads guilty to assuming that the informed reader 
would understand that the resonant frequency in the closed-box case 
is the resonance of the enclosed speaker. and not the free-air reso- 
nance. No effort was made to conceal the true identity of these 
resonances. An example was included to help clarify things. The 
writer must admit that it may have been better to define ws as 
speaker free-air resonance in both cases. The closed-box equations 
would then have required that the factors 1/¥1+ (Sx/Ss) and 
V 1+ (Ss/Ss) (which account for box stiffness) accompany each g 
and Qs, respectively. Equation (9) (closed box) would then become 


S.P.L. = 20 log |g*/ V [g*- (1 + Ss/Ss) ]* + g°/Qs'|. 


The g and Qs here are now related to the same resonant frequency 
as the same symbols in Eq. (15). Letting 4 approach zero in Eq. 
(15) yields the above equation proving that the vented-box equations 
are reducible to the'r closed-box counterparts. Equation (9) as 
stated in the text, however, is no less valid than the modified version 
above providing one remembers which resonant frequency applies— 
enclosed or free-air. 

As a matter of fact, the modified form is the least desirable of the 
two because Qs is related to the free-air resonance. Although the 


factor V1-(Ss/Ss) adjusts Qs to the correct value, this is not at all 
obvious in the modified equation which could lead one to incorrectly 
conclude that a speaker is critically damped when in reality it could 
be very much underdamped. 

When one speaks of the Q of a resonant circuit, one must define 
Q at the resonant frequency. No other frequency will do because 
only Q at resonance will describe resporise, amplitude, and damping 
of the resonant circuit. Mr. Clements must agree that the resonant 
frequencies of interest are different in the closed box and vented box. 
How can one compare the Q of these two cases and still define Q at 
the same resonant frequency ? 

The damping for same response trend must be less in the closed- 
box case than in the vented-box case. Because this is true, the damp- 
ing and low-frequency transient behavior will tend to be better in 
the vented box. The important thing to remember is that we are 
attempting to compare systems of equal response trend and not 
merely one speaker in a box with and without vent. The reason 
vented boxes have fallen into some disrepute in the past is that 
people merely cut holes in closed boxes without giving any considera- 
tion to what the implications might be. 

Mr. Clements’ comments about the vented-box analysis are not at 
all correct. The loudspeaker excursion is not actually zero because 
the vent mesh is not actually dissipationless. But that the speaker 
excursion is extremely small can be illustrated by the simple experi- 
ment of opening a proper size vent in a closed box when the speaker 
is driven by a signal of frequency w/ws—=1 and observing the dia- 
phragm amplitude. Furthermore, if the vent mesh were dissipation- 
less, the diaphragm amplitude would indeed be zero—and it would 
be zero with no dip in response at w/ws—=1. Why? Because the 
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vent mesh is absorbing -and radiating almost all of the energy being 
fed into the system. This very interesting phenomenon of systems of 
two degrees of freedom is exploited quite often. Examples are the 
dynamic vibration absorbers used to prevent obnoxious vibrations 
in a machine or machine part on which a steady alternating force 
of constant frequency is acting. An electric hair clipper uses such a 
device. Other examples are Frahm Tanks which tend to prevent the 
“rolling” of ships in rough seas. 

I wish to point out in closing that the horses and apples on which 
I rely have been verified experimentally and no verbal brickbats 
will invalidate this kind of proof. There was no intention on my 
part to confuse or twist any facts. I had hoped that I helped 
clarify some. If any apologies are due, they are for what might 
appear to be a somewhat confused definition of the speaker resonant 
frequency. A careful reading of the paper should straighten that out. 


Errata 


Psychoacoustics Applied to Stereophonic Reproduction Systems 
[J. Audio Eng. Soc. 7, 72 (1959)] 
_ Peter C. GotpMark AND JoHN M. HoLttywoop 
CBS Laboratories, a Division of CBS, Inc., Stamford, Connecticut 
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On page 74, the authors’ names were reversed. The left-hand 
photograph is that of John M. Hollywood and the right-hand photo- 
graph is Peter C. Goldmark. 


Corner Speaker Placement 
[J. Audio Eng. Soc. 7, 106 (1959) ] 
Paut W. Ku1rpscu 
Klipsch and Associates, Hope, Arkansas 

The captions under Figs. 1 and 2 on page 107 were reversed. The 
caption appearing under the figure in the upper right-hand column 
refers to the figure in the lower left-hand column, whereas the cap- 
tion presently under the left-hand column figure refers to the figure 
on the upper right. 


Some Thoughts on Geometric Conditions in the Cutting and Playing 
of Stereodiscs and Their Influence on the Final Sound Picture 
[J. Audio Eng. Soc. 7, 115 (1959)] 

J. L. Ooms anp C. R. BastIaans 
Acoustical Department of Philips’ Phonographic Industries, 
Baarn, Netherlands 

The expression “Cutting angle = 90°” appearing on page 115, lines 
4 and 7 in the right-hand column, should be changed to read: “Cut- 
ting angle not equal to 90°.” 
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Report of the AES Technical Committee on 
Magnetic Recording 


The previous two reports of the Committee in the April and July, 
1959, issues of the JourNaL have explained the functions of the Com- 
mittee. Also, the previous reports gave examples of short items of 
engineering information on magnetic recording, extracted from old 
notebooks, of the type that is desired for future reports in addition to 
items relating to new developments. We are pleased to have in this 
issue on page 243 a discursive report on magnetic modulator play- 
back technique by Marvin E. Anderson. 


For several years there was only the one engineering book in this 
field, Magnetic Recording by Begun. In 1957 and 1958, the following 
five new magnetic recording books have been published: 

Elements of Magnetic Tape Recording. N. M. Haynes. 392 pp. 
Prentice-Hall, Inc., Englewood Cliffs, N. J. (1957). Price: $7.95. 
Magnetic Recording Handbook, Second Edition. R. E. B. Hickman. 
176 pp. George Newnes Ltd., London (1958). Available from British 
Book Service, Kingswood House, 1068 Broadview Ave., Toronto 6, 
Canada. Price: $3.60. 


Magnetic Tape Recording. H. G. M. Spratt. 319 pp. The Mac- 
millan Company, New York (1958). Price: $8.50. 

Magnetic Recording Techniques. W. Eart Stewart. 272 pp. Mc- 
Graw-Hill Book Company, Inc., New York (1958). Price: $8.50. 
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Techniques of Magnetic Recording. Jort Tart. 472 pp. The Mac- 
millan Company, New York (1958). Price: $7.95. 

Engineers involved in audio applications of magnetic recording will 
probably find the books by Spratt and Stewart more useful to their 
work than the other three books. 


Watter H. Ertxson, Chairman 


Showroom of Professional Equipment 

Audio engineers will be glad to know, if they haven’t already heard, 
that Harvey Radio has opened a new “professional showroom” 
where the newest and best in audio equipment for broadcasters and 
other professionals will be kept on permanent display. It is the only 
such showroom in the country, all of the equipment can be operated 
and, as such, offers audio engineers, who until now have had to 
resort to catalogs or visits to plants, a far more convenient and 
accurate method of evaluation than ever before. 


Space Motif to be Stressed at SMPTE Convention 

The Society of Motion Picture and Television Engineers will hold 
its 86th Semi-Annual Convention, October 5th through the 9th at 
the Statler-Hilton Hotel in New York. The Convention’s theme, 
“Motion Pictures and Televisicn in the Space Age” will highlight the 
daily sessions—ranging in interest from space technology and image 
sensing to international television. At special second-night ceremonies 
5 annual SMPTE awards and 15 Fellow memberships will be pre- 
sented. Program chairman for the Convention is Dr. J. Paul Weiss, 
DuPont Photo Products Dept., Parlin, New Jersey. 


Calling All Sections 
Epiror’s Note: The following section reports are given to inform 
readers of past programs. In the future, we would like to have more 


detailed remarks on the outcome of particular section meetings, for 
we feel that the experience, good or bad, gained by one section in the 
handling of a subject can be most useful to other section chairmen. 
For example, remarks under section meetings listed below are in most 


cases too sparse to be really informative. So do help us make this 
part of AES News worth reading by giving us in your reports not 
only specific details called for in the blanks, but all possible embellish- 
ments of these points with relation to the general climate of the 
meeting, reaction to subject, etc. 


Section, Date and Place 


Southern Tier, New York 
May 26, Binghamton 


Program 


“Comparison of Various Stereo Car- 
tridges,” by John J. Hamrick, Link Avia- 
tion, Inc. 

Talk included a comparative listening 
test. Membership interest was reported 
fair. 

Pittsburgh, Pennsylvania 
June 10, Horne’s Music 
Center 


Open House recording session with per- 
forming artists bringing their own re- 
corders. 

Reports are that the program was very 
good and the idea excellent, although not 
enough recordists showed up. Nonper- 
formers from a number of affiliated busi- 
nesses spoke. 

“Audio Amplifier Design Problems,” by 
George Grenier, General Electric Com- 
pany. 

Election of officers for 1959-1960. 


Southern Tier, New York 
June 24, Vestal 


Chairman: R. J. Bishop 
Vice Chairman: A. Gamash, Jr. 
Secretary-Treasurer: J. E. Murphy 
Members were reported to have found 
both the subject of the paper and the 
discussion that followed very interesting. 


Los Angeles, California 


June 30, United Recording 
Company 


“Architectural and Electronic Design 
Considerations,” by M. T. Putnam, 
United Recording Corporation. 

135 people attended. Membership in- 
terest was said to be good. 


New York City 
May 18, 41st St. Theatre 


“Magnetic Tape and Its Relation to Audio 
Recorders,” by John Leslie, Orr Indus- 
tries. 

Attendance, 100 people, was very good 
considering it was the hottest night of 
the year to date (and no air condition- 
ing). This was fortunate since the speak- 
er had flown from Alabama for the occa- 
sion. The reaction: “We ought to have 
more meetings like this one.” 


Why Not a Degree in Audio Engineering? 

Eprtor’s Note: The following letter is typical of many received by 
the Society from students curious to know more about courses in 
audio engineering. It is being published here along with the reply in 
the belief that other students will be interested. Also, since this 
specialized segment of the electrical engineering field is relatively new 
and limited, the Society would be most grateful if any colleges or 
universities offering audio engineering courses would send us this 
information so we can pass it along. 


Dear Sirs: 

I have been a keen student of audio for about two years now, and 
after working in the industry last year, have begun thinking about 
audio engineering as a profession. After writing to several engineer- 
ing schools in this area for catalogues, I have discovered what looks 
like a very disappointing situation: there are scattered courses offered 
in acoustics and audio, but apparently nothing such as a four-year 
course leading to a degree in the subject. Audio Magazine was kind 
enough to give me your address, and I am writing you hoping that 
you may be able to offer me some counsel in this regard. 

I am interested in finding out if there are any colleges in this 
country or in Britain which offer a course of study in audio leading 
to a degree. If there are, I would be very appreciative if you could 
possibly send me a complete list of these schools and their addresses 
so that I may write them for further information. If there are not, 
I would very much like to know how audio engineers generally get 
their degrees. 

I take the liberty of thanking you in advance for any help you 
can give me in these matters. 

John L. Grauer 
Great Neck, L.I., N.Y. 


Dear Mr. Grauer: 


This is in reply to your letter of May 9th. You are quite right, 
there are no recognized U. S. colleges to our knowledge which have 
regular four-year courses in audio engineering. We aren’t familiar 
with European colleges. 
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Generally, audio engineers have gained their educations in the fol- 
lowing way. They take a B.S. degree in electrical engineering, prefer- 
ably followed by an MS. in electrical engineering. While doing this, 
they take as many courses as possible in: psychoacoustics, electrical 
networks, acoustics, electroacoustics, electrical and electronic measure- 
ments. 

In addition, they do a substantial amount of intelligent home ex- 
perimentation with high quality audio circuits—hi-fi phonographs and 
the like—before and during college. 

They read voraciously, but skeptically, on various phases of the 
subjects mentioned in my second paragraph above. I have found 
that most material written for popular consumption is unutterably 
inaccurate. I find that when general electronic books in the engineer- 
ing field touch on audio they are often out of date and/or seriously 
naive or inadequate. 

Usually audio engineers develop a serious interest in fair to good 
music, perhaps half of it live. 

Most good engineers in the audio field learned by working for an 
expert in the field after receiving their degrees. Some good engineers 
have pulled themselves up by their own bootstraps by considerable 
home experimentation combined with natural aptitudes, or by grow- 
ing up with their companies. 

You will probably have to follow the above outline, generally used 
by audio engineers now in the field, to get your education. We also 
offer the following suggestions. 

To develop industrial contacts before college graduation, attend a 
college where a thesis is required, or optional, for graduation. List 
companies doing good work in the corner of the audio field in which 
you are most interested. Write to the chief engineers of these com- 
panies, asking for suggested thesis subjects. Try to visit the chief 
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engineer who has the most interesting subject, and get thoroughly 
briefed on it before starting. This is an opportunity to get well ac- 
quainted with him. Go over the thesis data with him. If you do a 
good job, it could lead to a job offer. 

It is possible to do considerable experimentation at college, if you 
can convince the professor in charge of the laboratory that you are 
a careful experimenter who doesn’t damage apparatus and who has 
a serious purpose. 

It is difficult to find a college teaching electronic engineering from 
the audio point of view. Every college insists it is indeed teaching 
the fundamentals of audio engineering. It is only when you examine 
the course of study very carefully that you realize that they are 
spending a disproportionately large time on matters which are im- 
portant mainly in the radio frequency and/or microwave fields. 

The acoustical physicists teach an extremely high-brow version 
of the science, too complex for engineers to use unless provoked, but 
they also insist that they are teaching the only true facts for the 
audio engineer. 

We will be very interested to hear what you find out in the course 
of your own inquiries, if you would care to let us know. This is a 
matter of great concern to our Society. 

Sincerely yours, 
C. J. LeBel, Secretary 
Audio Engineering Society 


New Journal AES Copy Editor 


Eleanor Hyde has recently joined our staff as copy editor of the 
JournaL. Formerly, Mrs. Hyde was with the American Institute of 
Physics for seven years. 


Continued from page 234 
consisted of a short portion of the part of the work recorded in the 
better hall, including chords followed by rests long enough for a 
judgment of the decay time of this hall, followed by a portion of 
the work from the poorer hall, chosen to have as nearly the same 
musical character as the preceding illustration as possible, and 


matched by the use of the reverberation generator. This was fol- 
lowed by the same portion without added reverberation as a check 
on the matching operation. 

3. The next band illustrated the commercial use of artificial rever- 
beration as applied to a musical selection entitled “Empty Pockets 
Blues,” as sung by a well-known folk-singer, Pete Seeger. Varying 
amounts of added liveness were used in different portions of the 
recording illustrating the range of capabilities of the equipment as 
well as the latitudes demanded in commercial record production at 
the present time. 


4. This was followed by an excerpt from Rimski-Korsakov’s 
“Scheherezade,” as performed in a live hall, without any additional 
reverberation added. The illustration was intended solely to indicate 
currently acceptable recording practice. 


5. The final illustration was chosen to demonstrate the uses of 
echo techniques in dramatic production. A portion of Poe’s “The 
Pit and the Pendulum” was used, and extreme reverberation, suffi- 
cient to produce a definite echo on speech, was added to parts of the 
narration. The effect of the dungeon in which the action took place 
was thus enhanced, and the sound effect of the pendulum likewise 
dramatically sharpened. 


All recorded material was provided through the courtesy of Van- 
guard Recording Society, Inc. 
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Information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers orig- 
inally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering 
Conventions or for publication in the Jour- 
NAL OF THE AES. In rare instances, excep- 
tions may be made by the Convention and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the Journat. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free and clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or THe AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
JourRNAL. 

Permission to reprint—in whole or in part 
—papers originally published in the JournaL 
or THe AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 

Multiple bylines. If the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 
as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
‘forth. 

Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 
given as follows: name, number of the patent 
(U. S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 

Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not neglect 
to give the meanings of all symbols used. 

Captions for illustrations. A caption— 
properly identified—should be supplied for 
each illustration and a legend for ezch chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper. 

Photographs. All illustrative material 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. x 10 in. glossy 
prints. Since extremely fine detail tends to 
be obscured in all reproduction processes, it 
is often advisable to include a separate pic- 
ture—i.e., a “closeup”—of any highly signifi- 
cent detail, in addition to the general view 
which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies submitted) 
should preferably be original drawings in 
India ink on white paper or on tracing paper, 
8% in. x 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 

Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
x 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered onto curves 
and sketches. On the other hand if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail one copy of your manu- 
script to the Convention Chairman. This 
copy is for scheduling and publicity pur- 
poses. Please mail all other copies of your 
manuscript to the Secretary at the Society's 
Office. 

itch cies cer of ths tian ami 
accompanied by the reproduction copies of 
your illustrative material (the editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 
ance during oral delivery. 

Demonstrations. Demonstrations always 
add interest. They should be set up well in 
advance of the particular session for which 
they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. i 


oral delivery should be in the form of stand- 
ard American lantern slides (3% in. x 4 in. 
or 2 in. x 2 in. transparencies. The long 
dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. x 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the pro- 
portions or overall dimensions of 7 in. x 10 
in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. x 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1%4 to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—%4 point or 0.007 in. 

For reference lines—1 point or 0.014 


in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of the slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950 
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